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ABSTRACT 


A  design  methodology  for  precision  high-frequency  monolithic  continuous-time  sig¬ 
nal  processing  was  introduced  in  the  first  phase  of  this  project.  The  methodology  applies 
local  intelligence  via  a  digital  controller  which  precisely  controls  a  continuous-time  signal 
path.  An  architecture  which  ensued  from  this  design  methodology  which  is  termed  Dig¬ 
itally  Controlled  Analog  Signal  Processing  (DCASP)  has  been  introduced.  The  DCASP 
approach  is  inherently  insensitive  to  nominal  and  statistical  parameter  variations,  pas¬ 
sive  and  active  component  mismatches,  temperature  variations,  aging  and  parasitlcs.  The 
DCASP  architecture  is  amenable  to  adaptive  applications  and  has  potential  to  be  used  to 
implement  in-field  self-testing  and/or  correcting  algorithms.  The  architecture  is  flexible, 
allowing  for  post  fabrication  establishment  of  system  specifications.  The  flexibility  along 
with  the  self-testing  and/or  correcting  capabilities  directly  impact  in  a  positive  way  both 
the  reliability  and  cost  of  DCASP  based  systems. 

In  this  report,  the  design  and  testing  of  a  digitally  controlled  signal  processor  which 
is  totally  programmable  and  reconfigurable  is  discussed.  This  circuit  forms  the  basic 
signal  path  of  the  DCASP  architecture.  The  structure  is  capable  of  realizing  filter  transfer 
functions  up  to  sixth  order.  An  experimental  version  of  this  circuit  was  fabricated  in  a 
double  polysilicon  CMOS  process.  Experimental  results  show  the  resonant  frequency  and 
bandwidth  of  the  filter  circuits  are  digitally  adjustable  over  a  3  decade  range  from  2khz 
to  2mhz.  Resolution  in  resonant  frequency  over  this  entire  range  is  to  0.5%  or  better  and 
bandwidth  resolution  is  to  1%  or  better. 

The  design  and  experimental  performance  of  a  general  purpose  digitally  controlled 
Operational  Transconductance  Amplifier  is  also  discussed.  These  circuits  are  used  as  the 
basic  active  elements  in  the  DCASP  filter  structures  but  should  find  applications  well 
beyond  this  project.  These  OTAs  were  fabricated  in  the  same  CMOS  process  and  experi¬ 
mentally  exhibited  over  two  decades  of  adjustment  range  in  the  transconductance  gain  with 
a  resolution  of  1%.  The  fine  resolution  in  gain  of  these  structures  was  achieved  through 
piogrammability  of  the  tail  voltage  on  the  differential  input  stage  and  wide  adjustment 
range  through  switch  selection  of  output  current  mirror  gain. 

The  design  of  sample  and  hold  circuits  are  also  discussed  along  with  both  parameter 
measurement  and  tuning  algorithms.  The  sample  and  hold  circuits  are  used  in  the  per¬ 
formance  detector  section  of  the  DCASP  architecture.  Finally,  twenty  test  circuits  which 
serve  as  building  blocks  in  the  subcomponents  of  the  DCASP  architecture  are  discussed 
from  both  theoretical  and  experimental  viewpoints.  These  circuits  were  fabricated  in  a 
double  polysilicon  3u  CMOS  process. 
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DCASP  Architecture 


Active  Resistor 

Digitally  Controlled  Circuit  Components;  a)  Binary  Resistor,  b)  Binary  Ca¬ 
pacitor,  c)  Active  Resistor,  d)R-2R  Ladder,  e)  Digitally  Controlled  MOS- 
FET. 

Possible  pole  locations  in  a  DCASP  based  active  filter. 

Typical  frequency  responses  of  DCASP  before  tuning. 

CSP  Block  Diagram 
Biquad  Block  Diagram 

Attainable  pole  frequencies  and  bandwidths  for  the  biquad  of  DCASP-2 

Pole  frequencies  and  bandwidths  for  the  (a)  lowpass,  (b)  highpass,  and 
(c)  bandpass  configurations  of  the  biquad  of  DCASP-2,  restricted  to  those 

values  for  which  <  1.0,  where  Vi(s)  and  Voutf^)  are  the 
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internal  and  the  output  node  voltages,  respectively. 

Pole  frequencies  and  bandwidths  for  the  biquad  of  DCASP-2  in  the  allpass 
configuration,  restricted  to  those  values  for  which  (a) 
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<  3.0,  where  ^1(5)  emd  Vout[^)  are  the  internal 


and  the  output  node  voltages,  respectively. 
CTA  Block  Diagram 
OTA  with  6-bit  coarse  control 


Attainable  pole  frequencies  and  bandwidths  for  the  biquad  of  DCASP-1. 

Alternate  OTA  output  stage  structure  which  eliminates  DC  current  when 
stage  is  disabled.  (Node  voltages  V*,  Vj,,  Vc,  Vi  correspond  to  those  in 
existing  OTA  structure  of  Fig.  2.1-7) 

Parallel  Switch  Array  DAC 

Structure  used  to  implement  resistors  of  DAC  of  DCASP-2. 

Capacitor  Array  Block  Diagram 

Parasitic  Capacitances  Associated  with  Programmable  Capacitor  Array 

Simulated  small-signal  capacitance  for  diffusion  junction  capacitors  as  a 
function  of  the  DC  potential,  V,  of  the  diffusion  region  relative  to  ground 
with  the  bulks  at  ±57.  (Cn  n+  diffusion,  Cp  =>  p+  diffusion,  Cnp  =>■ 
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Fig.  2.1-15:  Analog  CMOS  buffer. 

Fig.  2.1-16:  Buffer  transfer  characteristics. 

Fig.  2.1-17:  Nonlinearity  in  buffer  transfer  charactertistics. 

Fig.  2.1-18:  Frequency  response  of  buffer  (Ciond  =  lOpF). 

Fig.  2.2-1;  Block  diagram  of  intended  performance  measurement  system  usage  in  a 
typical  tuning  environment. 

Fig.  2.2-3  a)  b),  c),  d):  Extraction  of  filter  design  parameters  for  previous  example. 

Fig.  2.2-3':  TAG  Bandpass  Filter 

Fig.  2.2-4:  OTA  model  including  finite  output  impedance  effects;  (a)  Q  =  1.875,  (b) 
Q  =  2.5,  (c)  Q  =  3.75,  (d)  Q  =  7.5 

Fig.  2.2-5:  Polynomial  interpolation  of  2nd-order  bandpass  transfer  functions  with  a 
variety  of  Q’s. 

Fig.  2.2-6:  Spline  approximation  for  2nd-order  bandpass  filter,  (same  as  Fig.  2.2-5d)) 
with  6  measurements  between  0.6  and  0.9. 

Fig.  2.2-2:  Block  diagram  of  performance  measurement  system. 

Fig.  2.2-7:  Block  diagram  of  typical  excitation  hardware  system. 

Fig.  2.2-8:  Frequency  counter  hardware  schematic. 

Fig.  2.2-9:  Block  diagram  of  a  two  phase-coherent  S/H  circuit. 

Fig.  2.2-10:  Analog  switch  symbols;  (a)  positive-true  logic,  (b)  negative-true  logic,  (c) 
complimentary  logic 

Fig.  2.2-11:  Analog  switch  circuit  schematics;  (a)  p-channel,  (b)  n-channel,  (c)  compli¬ 
mentary,  (d)  floating  well  complimentary. 

Fig.  2.2-12:  Two  port  representation  of  an  analog  switch;  (a)  transfer  function,  (b) 
transient 

Fig.  2.2-13:  SPICE  analysis  test  setup  to  measure  effective  on-resistance  of  an  analog 
switch;  (a)  n-channel  (L  =  3pm,  W  =  4pm),  (b)  p-channel  (L  =  3pm, 
W  =  4pm) 

Fig.  2.2-14:  Effective  on-resistance  of  an  single  pass-transistor  MOSFET  as  a  function 
of  the  biasing  V5. 

Fig.  2.2-15:  The  effective  small-signal  simulated  on-resistance  of  the  standard  compli¬ 
mentary  switch  shown  in  Fig.  2.2-1  Ic  vs.  the  DC  potential  Vs  of  the  test 
circuit  shown  in  Fig.  2.2-13a  as  a  function  of  a  the  design  parameter. 

Fig.  2.2-16a:  On-Resistance  nonlinearity  figure  of  merit  a  for  the  complimentary  switch 
of  Fig.  2.2-llc  vs.  the  design  parameter  a  for  all  three  Ton  approximations. 

Fig.  2.2-16b:  On-Resistance  nonlinearity  figure  of  merit  a  for  the  small-signal  SPICE 
simulation  a^tproximation  vs.  the  design  parameter  a  for  both  type  of 
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Fig.  2.2-17: 


Fig.  2.2-18: 


Fig.  2.2-19: 


Fig.  2.2-20: 


Fig.  2.2-21: 
Fig,  2.2-22: 


Fig.  2.2-23a: 

Fig.  2.2-23b: 

Fig.  2.2-24: 

Fig.  2.2-25: 
Fig.  2.2-26: 
Fig.  2.2-27a: 

Fig.  2.2-27b: 


compliuicntary  switches  as  shown  in  Figs.  2.2-1  Ic  and  2.2-1  Id. 

Simulated  small-signal  capacitance  for  diffusion  junction  capacitors  as  a 
function  of  the  DC  potential  V5  of  the  diffusion  region  relative  to  ground 
with  the  bulks  at  ±5F.  {Cn  =>  »"*■  diffusion,  Cp  =>  diffusion  and 
Cnp  => 

Test  circuit  for  modeling  the  clock  feed  through  effects  or  switch  charge 
injection  of  a  single  MOS  device  as  used  to  generate  the  results  shown  in 
Fig.  2.2-19.  Courtesy  of  the  Department  of  Electrical  Engineering  and 
Information  Sciences  Institute,  University  of  Southern  California 

Percentage  of  channel  charge  Qch  injected  in  the  data-holding  node  and  Cl, 
for  the  test  circuit  shown  in  Fig.  2.2-18.  A  family  of  curves  corresponding 
to  various  C'5/Ci  ratios  (listed  to  right  of  curves)  has  been  plotted.  Cour¬ 
tesy  of  the  Department  of  Electrical  Engineering  and  Information  Sciences 
Institute,  University  of  Southern  California  [23j. 

Theoretical  clock  feed  through  or  switch  charge  injection  onto  a  5pF  load 
capacitor  when  a  complimentary  switch  was  turned  “off”,  as  a  function 
of  the  time  delay  td  or  between  the  instants  the  n-channel  clock  starts  to 
rise  and  the  instants  the  p-channel  clock  signals  starting  to  fall,  both  with 
the  intention  of  turning  off  their  respective  device.  The  family  of  curves 
shown  here  represents  different  n-channel  clock  rise  times  to  for  a  fixed 
p-channel  clock  fall  times  tap  =  lOr^sec.  Courtesy  of  Kath.  Universiteit 
Leuven,  Dept.  Elektrotechniek  {13|. 

S/H-1 

BODE  plot  of  the  equivalent  circuit  shown  in  Fig.  2.2-21  for  the  S/H-1 
operating  in  Track-Mode,  (r,  is  nominally  2.S5kil  based  upon  devices  sizes 
contained  in  Table  2.2-12.) 

Plot  of  gain  sensitivity  as  function  of  pole  location  fp,  as  mathematically 
represented  in  Eq.  2.2-70a  for  fp  =  SM Hz. 

Plot  of  normalized  phase  sensitivity  as  function  of  pole  location  fp,  as 
mathematically  represented  in  Eq,  2.2-70c  for  fp  =  8MHz. 

Plot  of  switch  nonlinearity  inducing  errors  in  the  track-mode  gain  |Au|  for 
S/H-1  as  a  function  of  input-frequency.  (Assuming  fp  =  8MHz) 

S/H-2,  (a)  reduced  track-mode,  (b)  z.  Op  Amp  circuit  equivalent  circuit. 

Circuit  schematics  for  frequency-domain  analysis  of  S/H-2  in  track-mode. 

Frequency  response  of  Wfc(s)/v,(s)  as  contained  in  Eqs.  (2.2-79)  through 
(2.2-81)  representing  the  S/H-2  operating  in  track-mode. 

Zoomed  in  version  of  the  S/H-2  track-mode  BODE  plot  contained  in 
Fig.  2.2-27a  —  focusing  on  the  gain  and  phase  distortion  in  the  5  —  lOMHz 
range. 
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Fig.  2.2-28:  Test  configuration  for  simulating  the  Performance  Measurement  System’s 
accur2u:y  as  a  function  of  the  track-mode  nonlinearities  of  the  S/H. 

Fig.  2.2-29:  Plot  of  predicted  gain  measurement  error  via  errors  induced  into  the  Sampling 
Algorithm  from  track-mode  nonlinearities  in  S/H-2.  Specifically  this  is  a 
plot  of  the  extracted  |vo  («)/«♦(•*)  I  —  ideally  unity  gain. 

Fig.  2.2-29b:  Zoomed  in  version  of  Fig.  2.2-29a,  focusing  in  on  the  2  —  5MHz  range. 

Fig.  2.2-30a:  Plot  of  predicted  phase  measurement  error  via  errors  induced  into  the 
Sampling  Algorithm  from  track-mode  nonlinearities  in  S/H-2.  Specifically 
this  is  a  plot  of  the  extracted  (Z(t;o(«)/vt(«))  -0)  —  ideally  zero. 

Fig.  2.2-30b:  Zoomed  in  version  of  Fig.  2.2-30a,  focusing  in  on  the  2  —  5MHz  range. 

Fig.  2.2-31.  S/H-3;  (a)  zt  OpAmp  circuit,  (b)  5,  OpAmp  circuit,  (c)  reduced  track-mode 
equivalent  circuit. 

Fig.  2.2-32:  Circuit  schematics  for  frequency-domain  analysis  of  S/H-2  in  track-mode. 

Fig.  2.2-33:  Frequency  response  of  Vfc(s)/wt(5)  for  all  three  S/H’s  operating  in  track¬ 
mode. 

Fig.  2.2-34a:  Plot  of  predicted  gain  measurement  error  via  errors  induced  into  the  Sam¬ 
pling  Algorithm  from  track-mode  nonlinearities  in  S/H-2  and  -3.  Specifi¬ 
cally  this  is  a  plot  of  the  extracted  iv;i(5)/vt(s)|  —  ideally  unity  gain. 

Fig.  2.2-34b:  Plot  of  predicted  phase  measurement  error  via  errors  induced  into  the  Sam¬ 
pling  Algorithm  from  track-mode  nonlinearities  in  S/H-2  and  -3.  Specifi¬ 
cally  this  is  a  plot  of  the  extracted  (Z(vo(s)/v,  (s))  ~  $)  —  ideally  zero. 

Fig.  2.2-35:  S/H  OpAmp  block  diagram. 

Fig.  2.2-36:  S/H  OpAmp  circuit  schematic. 

Fig.  2.2-37:  Source-follower  circuit  schematic. 

Fig.  2.2-38:  Source-follower  AC  small-signal  model. 

Fig.  2.2-39a:  Simulated  open-loop  freq.  resp.  for  the  F+  input  of  S/H  OpAmp. 

Fig.  2.2-39b:  Simulated  open-loop  freq.  resp.  for  the  V~  Input  of  S/H  OpAmp. 

Fig.  2.2-40:  Simulated  close-loop  step  response  for  the  S/H  OpAmp. 

Fig.  2.2-41:  Simulated  input  impedance  for  the  S/H  OpAmp. 

Fig.  2.2-42:  S/H  OpAmp  with  added  z«ro  circuit  schematic. 

Fig.  2.2-^3a:  Simulated  open-loop  freq.  resp.  for  V+  input  of  S/H  OpAmp  with  added 
zero. 

Fig.  2.2-43b:  Simulated  open-loop  freq.  resp.  for  V—  input  of  S/H  OpAmp  with  added 
zero. 

Fig.  2.2-44:  Conventional  Peak  Detector  block  diagram. 
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1.0  INTRODUCTION 


In  this  report,  the  results  of  research  efforts  from  March  1987  '■  September  1987  will 
be  emphasized.  This  is  an  extension  of  work  which  was  started  in  FY  1986  and  which  was 
reported  in  a  final  technical  report  dated  12/19/86.  For  reference  purposes,  a  discussion  of 
the  Digitally  Controlled  Analog  Signal  Processing  (DCASP)  concept  along  with  practical 
implications  of  this  approach  are  presented  in  subsections  1.2  through  1.4  of  this  section. 
These  are  repeated  from  the  final  technical  report  dated  12/19/86. 

The  major  focus  on  the  first  year  of  this  project  was  on  the  development  of  the  DCASP 
architecture  and  on  the  design  of  a  Controlled  Signal  Processor  (CSP)  which  comprises  the 
digitally  controllable  analog  signal  path.  The  initial  CSP  structure  selected  was  based  upon 
using  Transconductance  Amplifiers  and  Capacitors  to  form  the  basic  filter  circuits.  These 
are  termed  TAC  Filters.  This  approach  was  selected  because  of  the  good  high  frequency 
performance  characteristics  of  the  Transconductance  Amplifiers,  the  inherent  availability 
of  a  method  for  digitally  controlling  the  transconductance  gain,  and  the  existence  of  very 
simple  and  practical  filter  i>tructures  which  can  be  synthesized  with  these  devices.  A  first 
generation  CSP  was  designed  in  a  3/i  double  polysilicon  process.  Silicon  was  available  at 
the  end  of  CY  1986. 

Major  effort  during  this  fiscal  year  was  placed  upon  testing  and  refining  the  CSP  struc¬ 
ture,  investigating  tuning  algorithms,  and  on  the  design  of  a  first-generation  performance 
detector.  Several  test  bars  were  fabricated  for  testing  various  subcircuits  in  the  CSP  and 
the  performance  detector.  A  second-generation  CSP  was  also  fabricated  and  tested. 

There  were  several  design  errors  on  the  initial  CSP.  The  major  affect  of  these  errors 
was  a  limitation  of  the  frequency  adjustment  range  and  the  bandwidth  adjustment  range 
of  the  filter.  Beyond  these  limitations,  the  circuit  performed  as  expected.  Experimental 
results  are  presented  later  in  this  report. 

Classical  tuning  algorithms  were  investigated.  These  were  all  plagued  by  either  con¬ 
vergence  problems  or  tended  to  converge  to  unacceptable  local  minimums.  A  new  approach 
to  tuning  which  does  not  rely  upon  the  conventional  rational  fraction  approximation  has 
been  proposed.  Simulations  indicate  this  approach  may  circumvent  some  of  the  conver¬ 
gence  problems  which  plague  conventional  algorithms  in  a  useful  class  of  applications. 

A  performance  detector  based  upon  a  generic  A/D  converter  has  been  investigated. 
This  structure  uses  a  fast  sample  and  hold  amplifier  in  conjunction  with  a  slow  speed  A/D 
converter.  Subcircuits  which  comprise  this  performance  detector  have  been  designed  and 
fabricated.  Results  are  presented  later  in  this  report. 
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1.1  PRACTICAL  IMPLICATIONS  OF  DCASP  SYSTEMS 


A  very  high  speed  re&l-time  precision  signal  processing  capability  is  crucial  for  the 
successful  development  of  a  viable  strategic  defense  system.  The  evolution  of  the  signal 
processor  proposed  here  has  potential  for  real-time  applications  at  frequencies  which  are 
approximately  two  orders  of  magnitude  higher  than  can  be  attained  by  following  a  conven¬ 
tional  microprocessor  based  strategy.  The  structures  proposed  are  versatile,  economical  to 
produce,  and  physically  and  technologically  compatible  with  existing  VLSI  technologies. 
They  are  inherently  insensitive  to  processing  variations,  device  matchmg  and  environmen¬ 
tal  parameters. 

Beyond  applications  at  very  high  frequencies  where  alternative  signal  processing  tech¬ 
niques  do  not  exist,  a  host  of  medium  and  low  frequency  analog  signal  processing  appli¬ 
cations  exist  in  which  precision  and  reliability  throughout  the  life  of  the  system  is  crucial 
for  the  viability  of  the  system.  Most  existing  analog  instrumentation  relies  either  upon 
factory-set  calibration  and/or  periodic  costly  field  tuning  and/or  selective  self-calibration 
of  some  specific  sub-components.  The  technology  for  automatic  full  system  testing  and 
subsequent  automatic  system  calibration  for  drifts  due  to  component  aging,  temperature 
variations  or  component  failure  has  not  evolved.  The  result  is  development  and  utilisation 
of  systems  with  suboptimal  reliability  and  the  associated  implementation  of  costly  per¬ 
sonnel  intense  and  humanly  subjective  maintenance  programs  which  invariably  miss  some 
faulty  systems.  Furthermore,  much  of  the  electronic  equipment  which  is  actually  removed 
from  shipboard  service  for  replacement  and/or  alignment  is  not  faulty.  This  results  in  an 
unnecessary  load  on  the  logistic  support  system,  especially  supply  support  and  training 
requirements.  The  adverse  impact  on  both  the  economics  and  strengths  of  our  military 
systems  should  be  apparent. 

Monolithic  circuits  capable  of  precision  continuous-time  signal  processing  have  largely 
eluded  IC  designers  for  the  past  decade.  This  can  be  attributed  primarily  to  the  inability  of 
researchers  to  solve  many  of  the  numerous  technological  challenges  associated  with  analog 
processing.  It  is  precisely  these  precision  circuits  along  with  on-chip  local  intelligence  that 
are  needed  to  build  precision  analog  systems  which  operate  at  high  frequencies  and  which 
are  economical,  reliable  and  capable  of  performing  on-line  self-testing  and/or  self-correcting 
functions. 

It  is  the  goal  of  this  overall  research  effort  to  develop  the  methodologies  and  archi¬ 
tectures  necessary  to  design  precision  reliable  monolithic  analog  circuits  which  are  useful 
for  a  wide  range  of  applications  which  have  the  on-chip  intelligence  needed  to  implement 
self-testing  and/or  self  correcting  algorithms.  A  preliminary  architecture  of  a  versatile 
structure  suitable  for  a  wide  range  of  applications  is  discussed  in  the  following  two  sections 
followed  by  the  specific  objectives  of  the  first  year  of  this  research  effort. 
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1.2  DCASP  ARCHITECTURE 


A  preliminary  analog  signal  processing  architecture  which  can  be  used  for  a  wide  range 
of  applications  over  a  large  range  of  frequencies  is  shown  in  Fig.  1.2-1.  This  structure  is 
inherently  capable  of  compensating  for  the  major  factors  which  have  limited  the  develop¬ 
ment  of  precision  reliable  monolithic  continuous-time  integrated  circuits.  Specifically,  the 
structure  compensates  for  nominal  process  parameter  variations,  statistical  process  param¬ 
eter  spreads,  temperature  coefficients,  parasitic  resistors  and  capacitors,  passive  and  active 
component  matching  as  well  as  device  aging.  The  structure  is  amenable  to  adaptive  appli¬ 
cations  as  well  as  self-testing  and/or  self-correcting.  The  architecture  utilizes  a  precisely 
controllable  analog  signal  path  and  a  sophisticated  digital  controller  in  a  control  loop  and  is 
termed  a  Digitally  Controlled  Analog  Signal  Processor  (DCASP).  Within  a  predetermined 
range,  both  the  functional  characteristics  and  specifications  of  the  analog  signal  processor 
can  be  established  via  software  input  after  silicon  processing  and  packaging  are  complete. 
Details  about  operation  of  the  DCASP  structure  are  presented  in  the  following  section. 
The  structure  is  applicable  from  low  frequencies  to  very  high  frequencies.  The  DCASP  is 
compatible  with  and  scales  with  existing  VLSI  technologies. 

The  magnitude  of  the  problem  facing  the  designer  attempting  to  implement  precision 
continuous-time  signal  processing  algorithms  can  be  best  appreciated  by  considering  the 
typical  magnitude  of  the  major  factors  listed  previously  and  repeated  in  Table  1.2-1  which 
limit  circuit  performance.  For  comparative  purposes,  emphasis  will  be  placed  on  silicon 
MOS  processes  although  similar  phenomena  are  observed  in  other  technologies. 

Parameter  variations  from  the  uesign  target  associated  with  processing  are  quite  large. 
±50%  variations  in  sheet  resistjmees,  ±100mv  variations  in  thrrahold  voltages  of  MOSFETs 
and  ±10%  variations  in  oxide  capacitor  values  are  typical.  Variations  in  the  transconduc¬ 
tance  parameter  K'{K'  =  fiCox)  of  tens  of  percent  are  also  common. 

Chip  level  statistical  parsuneter  variations  are  somewhat  sm2dler  than  the  process 
parameter  variations  but  axe  still  significant.  These  variations  are  due  to  both  local  and 
global  differences  in  the  characteristics  of  silicon  systems  across  the  die.  Variations  (mean 
standard  deviation)  of  threshold  voltages  are  in  the  Imv  to  20mv  range  [1-4]  and  variations 
in  K'  range  from  0.5%  to  5%. 

Temperat'ire  coefficients  of  passive  and  process  parameters  are  significant.  For  exam¬ 
ple,  the  TCR  of  the  sheet  resistance  of  polysilicon  is  typically  in  the  0.1%/‘'C  range. 

Parasitic  capacitors  from  plate  to  substrate  associated  with  poly-poly  capacitors  are 
in  the  1%  to  30%  range  of  the  capacitor  itself.  Inherent  parasitic  resistors  associated 
with  poly  strings,  contacts  and  drain  and  source  diffusions  range  upward  from  tens  of 
ohms.  Layout  parasitics  associated  with  interconnections  are  often  somewhat  larger.  The 
parasitic  capacitances  associated  with  resistor  strings  are  typically  both  distributed  and 
voltage  dependent. 
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trolled 


Fik.  1.2  1:  DCASP  Architecture 


With  considerable  care  in  layout,  ratio  matching  of  capacitors  to  ±0.1%  (3,5]  is  possi¬ 
ble.  Practical  resistor  ratio  matching  is  in  the  ±1%  to  ±2%  range  (5  micron  feature  sise) 
[6,7],  Accurate  ratio  matching  of  parasitic  components  is  more  difficult. 

Active  component  matching  is  poorer  than  passive  component  matchmg.  If  the  device 
of  Fig.  1.2-2  or  some  derivative  structure  is  used  as  a  resistor,  as  has  been  suggested 
by  several  investigators  working  on  continuous-time  monolithic  filters  [8-11],  the  effective 
impedance  (for  small  voltages)  is  approximated  by 


RfET  — 


WK'iVcs  -  Vt) 


and  hence  the  percent  change  in  Rpet  he  approximated  by 

^Rfet  ..  AL  aw  aw  ,  AVt 

Rfet  ~  L  W  W  Vgs-Vt  ^ 

If  all  vziriables  on  the  ri|;^  hand  side  of  (2)  are  assumed  independently  distributed,  then 
the  mean  standard  deviations  of  is  approximately  the  square  root  of  the  sum 

of  the  individual  variances  of  the  terms  on  the  right  hand  side  of  this  equation.  From 
the  comments  made  above,  it  follows  that  even  if  ^  and  —■  effects  are  neglected  the 
standard  deviation  of  is  in  the  .6%  to  6%  range  (for  Vos  -  Vt  Iw). 

The  seriousness  of  the  limitations  of  the  factors  in  Table  1.2-1  can  be  appreciated  only 
when  one  considers  the  specifications  required  in  typical  practical  applications.  Suffice  it 
to  say  that  many  applications  exist  in  all  frequency  ranges  from  low  audio  to  several  GHz 
if  effective  RC  products  or  component  ratios  can  be  practically  controlled  to  between  0.1% 
and  1%  accuracy.  For  notational  convenience,  this  will  be  termed  the  medium  precision 
range.  High  precision  will  be  denoted  by  corresponding  accuracy  requirements  to  better 
than  0.1%  and  low  precision  will  be  denoted  by  those  applications  requiring  less  than  1% 
accuracy.  By  practically  controlled,  it  is  meant  that  the  cost  of  fabricating  (including 
trimming  if  required)  the  die  is  low  and  the  yield,  as  determined  by  faults  and  component 
variations  due  to  both  processing  and  temperature,  is  high.  For  example,  if  one  expects  to 
obtain  a  respectable  yield  in  applications  which  require  control  of  the  standard  deviation 
of  RC  products  to  within  the  0.01%  to  1%  range,  it  is  crucial  that  the  individual  parameter 
variances  that  determine  the  RC  products  and  which  contribute  in  approximately  the  root 
mean  squared  sense  to  the  overall  standard  deviation  are  also  constrained  to  this  range  or 
tighter. 

None  of  the  medium  precision  applications  can  be  practically  addressed  without  good 
compensation  for  nominal  process  parauneter  variations.  Minimal  practical  impact  can  be 
anticipated  in  the  medium  precision  range  for  design  techniques  which  don’t  have  inherent 
compensation  for  riH  factors  listed  in  Table  1.2-1  with  the  possible  exception  of  passive  (ca- 
pacitative)  component  matching.  Applications  in  the  high  precision  range  require  inherent 
compensation  for  cdl  factors  listed  in  Table  1.2-1. 
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Table  1.2-1:  Major  Passive  Factors  Limiting  Performance  of  Monolithic  Analog  Circuits. 
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Fig.  1.2-2.  Active  Resistor 


1.2-6 


A  discustiion  of  alternative  state  of  the  art  approaches  to  monolithic  continuous-time 
signal  processing  can  be  found  in  {12]  which  is  included  in  the  Appendix  along  with  com¬ 
ments  about  the  inherent  limitations  of  these  techniques  which  have  limited  precision 
applications  to  low  frequencies  and  essentially  precluded  the  evolution  of  high-frequency 


structures. 


1.3.  DCASP  OPERATION 


The  block  diagram  of  the  DCASP  architecture  of  Fig.  1.2-1  contains  four  basic  com¬ 
ponents,  the  Controlled  Signal  Processor  (CSP),  the  Performance  Detector,  the  Exciter, 
and  the  Digital  Controller.  The  first  three  components  enclosed  in  the  dashed  curves  rep¬ 
resent  analog  circuitry  that  will  appear  on  a  single  substrate.  The  Digital  Controller  may 
also  be  on  the  same  substrate  or  may  be  external.  The  switch,  Si,  allows  either  the  input 
signal  or  the  output  of  the  Exciter  to  be  applied  to  the  Controlled  Signal  Processor  itself. 

The  basic  operation  of  the  system  is  very  simple.  Si  is  initially  connected  to  the 
Exciter  output.  In  this  mode  the  Digital  Controller  “identifies”  the  Controlled  Signal 
Processor  by  simultaneously  identifying  the  three  analog  blocks;  The  Exciter,  the  Per¬ 
formance  Detector,  and  the  Controlled  Signal  Processor.  Once  the  CSP  is  identified,  the 
controllable  components  in  the  CSP  are  adjusted  and  latched  to  optimize  performance  of 
the  CSP  relative  to  the  given  specifications.  Following  optimization.  Si  changes  states 
allowing  the  input  signal  to  be  applied  to  the  CSP.  All  signal  processing  then  takes  place 
in  the  optimized  analog  CSP.  Comments  about  the  operation  of  each  of  the  blocks  and  the 
overall  system  follow. 

The  Controlled  Signal  Processor  should  be  designed  to  allow  for  adjustment  of  a  large 
number  of  key  parameters  and  functions.  Large  adjustment  range  and  fine  resolution  for 
all  components  is  important.  For  example,  if  the  CSP  is  designed  to  act  as  a  filter,  a  group 
of  multiple  input  lossy  integrators  in  which  the  loss  and  the  unity  gain  frequency  associated 
with  each  input  are  all  independently  adjustable  over  a  wide  range  might  serve  as  the  basis 
for  the  CSP.  By  appropriately  interconnecting  these  devices  via  the  Digital  Controller  and 
adjusting  the  components  to  optimize  performance,  a  universal  precision  filter  structure  is 
possible.  For  audio  frequency  applications,  the  adjustable  components  might  be  binarily 
weighted  resistors  and  capacitors  or  switched  capacitors  such  as  shown  in  Fig.  1.3-1.  or 
higher-level  programmable  structures  such  as  Operational  Transconductance  Amplifiers 
(OTAs)  (13].  Continuously  adjustable  rather  than  quantized  components  are  also  possible. 
A  typical  grid  (in  the  s-plane)  depicting  by  intersection  of  grid  lines  the  possible  pole 
locations  of  a  filter  constructed  using  this  technique  with  quantized  component  values  is 
shown  in  Fig.  1.3-2.  Methods  of  selecting  the  adjiistable  quantized  components  to  obtain 
maximal  resolution  for  specific  applications  are  considered  in  [14|. 

The  Exciter  provides  an  excitation  or  sequentially,  multiple  excitations  for  the  CSP 
during  the  identification  state.  Depending  on  the  application,  typically  only  fre/  or  Vre/ 
will  be  required.  The  exact  value  of  these  references  is  not  critical  but  they  must  be  known 
and  stable.  The  identification  and  optimization  problem  simplifies  if  multiple  inputo  (but 
a  fixed  single  reference}  are  sequentially  applied  by  the  Exciter.  Considering  again  the 
filter  example,  the  Exciter  may  consist  only  of  a  non-precision  voltage-controlled  oscillator 
(VCO).  The  Digital  Controller  is  used  to  sequentially  set  the  Exciter  (i.e.,  VCO)  operating 
frequency.  The  “exact”  frequency  of  oscillation  for  each  step  in  the  VCO  sequence  is  not 
critical  but  can  be  precisely  determined  with  a  modest  amount  of  circuitry  if  /re/  is  known. 
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The  Performance  Detector  is  used  to  measure  the  performance  of  the  CSP  itself.  If 
one  were  to  attempt  to  identify  only  the  CSP,  the  required  specifications  for  the  design 
of  the  Performance  Detector  would  typically  be  quite  challenging.  By  also  identifying  the 
Performance  Detector  and  Exciter,  the  specifications  required  for  these  devices  will  be 
modest.  For  algorithmic  simplicity,  the  Performance  Detector  may  also  be  made  to  be 
tunable  by  the  Digital  Controller.  Considering  again  the  filter  example,  the  Performance 
Detector  may  be  no  more  than  a  voltage  comparator  or  a  generic  analog  to  digital  converter. 
Nonideal  characteristics  of  the  Performance  Detector,  such  as  offset  voltages  (as  a  function 
of  common  mode  input)  may  be  identified  and/or  adjusted  by  the  Digital  Controller.  Slew 
rate  and  hysteresis  effects  may  also  be  identified  or,  in  some  applications,  ignored. 

The  Digital  Controller  is  used  to  monitor  the  performance  of  the  system  during  the 
identification  or  pretune  state.  Based  upon  the  output  of  the  Performance  Detector  for 
each  excitation  supplied  by  the  Exciter,  the  system  is  adjusted  to  optimally  meet  the  spec¬ 
ifications  established  for  the  CSP.  The  desired  specifications  must  be  stored  in  nonvolatile 
memory.  For  high-volume  applications,  tuning  algorithms  may  be  fixed  in  hardware.  Once 
tuned,  the  Digital  Controller  may  either  power-down  or  enter  a  standby  state  in  which  it 
monitors  portions  of  the  system.  Since  the  Digital  Controller  is  not  in  the  signal  path,  it 
is  not  needed  for  real-time  operation.  Since  the  pretune  speed  is  typically  not  critical,  the 
size  and  capabilities  of  the  controller  can  be  quite  modes';.  Tradeoffs  between  algorithmic 
tuning  complexity  and  capabilities  of  the  Digital  Controller  can  be  made. 

Referring  back  to  the  technological  limitations  of  Table  1.1-1  which  plague  the  continuous¬ 
time  IC  designer,  it  should  be  apparent  that  if  an  acceptable  toning  strategy  can  be  devel¬ 
oped,  and  if  the  CSP  has  sufficient  range  and  resolution  so  that  the  domain  of  realizable 
specifications  (henceforth  termed  the  tuning  domain)  intersects  with  the  desired  specifica¬ 
tions  (henceforth  termed  the  tuning  domain),  then  the  DC  ASP  structure  will  be  inherently 
unaffected  by  nominal  process  parameter  variations,  statistical  process  parameter  spreads, 
parasitic  resistors  2Lnd  capacitors  as  well  as  passive  and  active  component  matching. 

If  temperature  changes  after  the  initial  trimming,  several  alternatives  exist  for  tem¬ 
perature  compensation.  In  those  applications  where  the  signal  path  can  be  periodically 
mterrupted,  the  CSP  structure  can  be  re-calibrated.  The  Digital  Controller  can  also  mon¬ 
itor  die  temperature  and  make  on-line  corrections  based  upon  nominal  temperature  char¬ 
acteristics  of  the  devices.  A  dual  signal  path  architecture  in  which  the  input  signal  is 
alternately  applied  to  the  two  paths  and  in  which  the  un-excited  path  is  off-line  calibrated 
is  also  possible. 
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1.4.  APPLICATION  OF  THE  DCASP  TO  FILTERING 


A  simple  example  may  prove  useful  in  demonstrating  the  principle  of  operation  of  the 
DCASP.  Consider  the  desired  magnitude  and  phase  response  of  a  filter  with  k  adjustable 
elements  as  depicted  in  Fig.  1.4-1.  The  performance  of  the  CSP  would  be  measured  via 
the  Performance  Detector  at  frequencies  /i,.  .  .,  /«.  The  exact  values  of  these  frequencies 
can  be  precisely  determined  from  knowledge  of  /re/.  The  simulated  measured  magnitude 
and  phase  characteristics  at  each  of  these  frequencies  as  determined  by  the  Performance 
Detector  are  also  shown  in  the  figure.  Based  upon  the  measured  characteristics,  the  Digital 
Controller  will  then  adjust  the  k  (typically  n  >  k)  controllable  elements  in  the  CSP  to 
optimize  the  filter  performance  relative  to  the  user  determined  cost  function. 

Assuming  each  adjustable  element  in  the  CSP  has  r  binary  bit  tuning  capability,  there 
are  N  =  (2'')*  possible  settings  of  the  controllable  elements.  N  increases  very  rapidly  with 
k  and  r.  It  may  well  be  the  case  that  a  large  number  of  different  settings  will  satisfy  a 
given  set  of  specifications.  The  tuning  algorithm  need  not  necessarily  obtain  the  optimal 
setting.  It  should  be  observed  from  this  example  that  the  adjustments  made  by  the  Digital 
Controller  need  not  be  restricted  to  single-pass  monotonic  trims  as  is  often  the  case  for 
hybrid  thick  and  thin  film  circuit  trimming.  A  sequential  bi-directional  trim  strategy  may 
offer  reduced  trim  complexity  and  quicker  convergence  than  a  single-pass  scheme. 
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1.5.  OBJECTIVES 


The  stated  objectives  of  this  research  are  to  develop  practical  design  methodologies 
and  architectures  for  precision  real-time  monolithic  amalog  circuit  design  which  can  be 
used  to  implement  self-testing/self-correcting  and  in-field  self-calibration  algorithms. 

The  specific  goals  for  this  fiscal  year  as  itemized  in  the  Statement  of  Work  are  to 
focus  on  the  experimental  evaluation  of  the  Controlled  Signal  Processor  and  on  the  design 
and  experimental  evaluation  of  a  monolithic  performance  detector.  Both  of  these  goals 
were  achieved  and  considerable  progress  towards  meeting  the  stated  objectives  beyond  the 
specific  goals  for  this  fiscal  year  was  made. 

Specifically,  the  first  generation  Controlled  Signal  Processor  was  experimentally  evalu¬ 
ated.  Basic  performance  was  as  predicted  by  simulations.  A  second  generation  Controlled 
Signal  Processor  was  designed,  fabricated  and  tested.  This  second  generation  structure 
offered  significant  improvements  in  both  frequency  adjustment  range  and  Q  adjustment 
range  over  the  initial  CSP.  The  resolution  was  also  improved. 

A  suocomponent  of  the  CSP  which  should  also  find  applications  well  beyond  this 
project  was  developed.  Specifically,  an  operational  transconductance  amplifier  with  pro¬ 
visions  for  large  input  signal  swings,  wide  Qm  adjustment  range  and  good  high  frequency 
performance  was  developed,  fabricated  and  tested. 

Architectures  for  the  monolithic  performance  detector  were  investigated.  A  structure 
based  upon  a  fast  sample  and  hold  and  a  low  frequency  A/D  converter  was  selected.  The 
key  building  blocks  which  comprise  the  performance  detector  were  designed,  fabricated 
and  tested. 

The  tuning  problem  was  investigated.  Algorithnos  for  measuring  the  system  gain  at 
fixed  frequency  points  were  developed.  Methods  of  accurately  determining  key  system 
performance  parameters  based  upon  measurements  at  a  finite  set  of  frequencies  were  in¬ 
vestigated.  Computer  simulations  suggest  that  tuning  algorithms  based  upon  using  the 
predicted  performance  parameters  which  are  applicable  for  a  useful  class  of  systems  can 
be  developed. 
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a.O  DISCUSSION 


A  block  diagram  of  the  basic  DCASP  architecture  was  shown  in  Fig.  1.2-1.  of  Sec.  1.2. 
The  major  effort  during  the  past  year  focused  on  the  design  of  the  Controlled  Signal  Pro* 
cessor  and  the  Performance  Detector.  Algorithms  for  gain  determination  and  measuring 
performance  characterization  paramaters  were  also  investigated. 

Section  2.1  concentrates  on  the  design  of  the  Controlled  Signal  Processor.  The  de¬ 
sign  of  both  the  operational  transconductance  amplifiers  and  the  capacitor  arrays  which 
comprise  the  CSP  are  discussed. 

The  Performance  Detector  is  discussed  in  Sec.  2.2  This  component  is  addressed  from 
both  the  data  interpretation  and  hardware  implementation  viewpoints. 

A  preliminary  discussion  of  the  tuning  problem  appears  in  Sec.  2.3.  Several  different 
approaches  to  tuning  are  characterized. 

A  preliminary  discussion  of  a  tuning  host  which  comprises  a  portion  of  the  digital 
controller  in  the  basic  DCASP  architecture  is  presented  in  Sec.  2.4.  This  tuning  host 
will  be  used  as  a  vehicle  for  testing  different  tuning  algorithms  in  the  next  phase  of  this 
research  effort. 

A  discussion  of  the  memory  mapping  between  the  digital  control  words  and  the  CSP 
paramaters  appears  in  Sec.  2.5.  The  address  mapping  to  each  of  the  control  latches  is  also 
discussed. 

Finally,  several  basic  functional  blocks  which  are  used  m  the  design  of  the  CSP  and 
Performance  Detector  were  designed,  fabricated  and  tested.  These  are  useful  for  determin¬ 
ing  the  performance  limitations  of  the  CSP  and  Performance  Detector  as  well  as  optimizing 
next  generation  designs.  Some  of  these  blocks  are  discussed  in  Sections  2.1  and  2.2  and 
the  remainder  are  summarized  in  the  discussion  of  experimental  testing  in  Sec.  5.0. 


2.1  Controlled  Signal  Processor  (CSP) 


As  the  name  implies,  the  CSP  is  that  portion  of  the  DCASP  chip  which  processes  the 
input  voltage  signal,  yielding  an  output  signal  which  is  related  to  the  input  by  the  transfer 
function,  H{s)  =  As  seen  in  the  block  diagram  of  Fig.  2.1-1,  the  CSP  includes  three 
cascaded  biquad  structures.  Each  biquad  implements  a  second-order  transfer  function; 
thus,  the  CSP  may  implement  sixth-order  transfer  functions. 

The  cascaded  biquad  approach  was  adopted  to  simplify  the  tuning  procedure.  The 
CSP  structure  contains  analog  switches  which  allow  an  external  input  signal  to  be  directed 
to  any  of  the  three  biquad  inputs.  The  corresponaing  biquad  output  may  be  directed  to 
the  performance  detector,  allowing  each  biquad  to  be  tuned  individually.  As  will  be  seen  in 
Section  2.3,  the  tuning  of  these  second-order  structures  (biquads)  is  not  a  trivial  problem. 
The  problem  of  directly  tuning  a  higher-order  structure  is  even  more  involved.  For  this 
reason,  the  cascaded  biquad  approach  was  selected,  even  though  alternate  sixth-order 
structures  might  considerably  simplify  the  circuitry.  The  cascaded  biquad  approach  may 
be  easily  extended  to  implement  higher-order  structures. 

In  addition  to  the  signal  voltage,  the  CSP  has  as  inputs  the  digital  address,  data,  and 
control  lines  of  the  DCASP  system  bus.  These  allow  for  the  reception  of  the  digital  data 
which  set  the  biquad  transfer  functions  and  which  set  the  appropriate  analog  switches  to 
achieve  the  desired  interconnections  in  the  CSP. 

Subdivisions  of  the  CSP  are  discussed  in  the  following  sections,  beginning  with  the 
filter  biquad.  The  key  block  in  the  biquad  is  the  controlled  transconductance  amplifier 
(CTA).  The  CTA  is  further  divided  into  an  operational  transconductance  amplifier  (OTA) 
and  a  digital-to-analog  converter  (DAC).  The  biquad  also  includes  programmable  capac¬ 
itor  arrays  (PCA’s)  and  a  buffer. 

The  basic  airchitecture  of  the  CSP  is  the  same  for  both  DCASP-1  and  DCASP-2;  i.e., 
all  block  diagrams  presented  in  these  sections  are  essentially  the  saone  for  both  DCASP 
implementations.  However,  significant  design  modifications  were  made  to  the  OTA,  DAC, 
and  PCA.  These  changes  greatly  increase  the  range  of  transfer  functions  which  can  be 
realized  by  the  biquad  and,  hence,  by  the  CSP.  Unless  specifically  stated  to  the  contrary, 
it  will  be  assumed  that  all  discussions  about  the  CSP  and  the  building  blocks  comprising 
the  CSP  in  this  Section  (Section  2.1)  are  in  reference  to  DCASP-2. 


2.1.1  Filter  Biquad 


The  biquad  is  itself  a  controlled  signal  processor;  a  single  biquad  is  capable  of  realizing 
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Fig.  2.1-1:  CSP  Block  Diagram 


second-order  tr&nsfer  functiona  of  the  form 

Vout  ^  +  BW,s  -h  ul  fo  1  -  n 

Vi„  \  } 

where  Wp  and  w,  are  the  pole  and  zero  frequencies  and  {BW)p  and  {BW),  are  the  pole 
and  zero  bandwidths.  Analog  switches  are  provided  which  allow  the  biquad  to  realize  any 
one  of  several  common  transfer  functiona  by  eliminating  the  a*,  aS  or  a°  term(s)  in  the 
numerator  of  (2.1-1);  for  example,  the  a^  and  a^  numerator  terms  may  be  eliminated  to 
yield  the  transfer  function  of  a  lowpass  filter. 

A  diagram  of  the  biquad  used  in  DCASP-1  and  DCASP-2  is  shown  in  Fig.  2.1-2.  It 
contains  five  controlled  transconductance  amplifiers  (CTA’s),  two  programmable  capacitor 
arrays  (PCA’s),  an  analog  buffer,  and  several  analog  switches.  The  biquad  is  actually  a 
modified  two  integrator  loop  structure  with  the  integrators  being  comprised  of  an  OTA 
loaded  by  a  capacitor  [15].  The  transfer  function  may  be  written  as 
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where  the  B  variables  can  assume  the  value  of  either  0  or  1  depending  upon  the  switch 
settings.  Table  2.1-1  lists  the  switch  settings  and  the  conditions  on  the  9m  which  will 
result  in  the  realization  of  various  common  transfer  functions. 


Comparison  of  (1)  and  (2)  yields  the  following  relationships: 
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(2.1  -  3a) 
(2.1  -  36) 

(2.1  -  3c) 
(2.1  -  3d) 


Adjustment  of  these  frequencies  and  bandwidths  is  accomplished  by  the  adjustment  of  the 
appropriate  gm's  and/or  capacitances.  The  CTA  permits  both  a  “fine”  and  a  “coarse” 
adjustment  of  gmt  with  the  coarse  gm  adjustment  being  capable  of  producing  a  much  more 
significant  (i.e.,  greater  magnitude)  change  in  gm  than  the  fine  adjiistment.  Thus,  fine 
2md  coarse  control  of  the  frequencies  and  bandwidths  may  be  achieved  by  the  fine  and 
coarse  adjustment  of  the  gm's.  The  control  of  the  frequencies  and  bandwidths  via  the 
adjustment  of  the  capacitance  of  a  PCA  is  also  considered  to  be  a  coarse  control,  as  the 
change  produced  in  this  way  is  generally  more  significant  than  the  change  obtained  with 
the  fine  gm  adjustment. 
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Table  2.1-1:  Biquad  settings  for  common  transfer  functions. 
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Highpass(HP) 
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Bandpass  (BP) 
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Note  from  (2.1-3)  that  the  fine  adjustment  of  gm$  will  result  in  a  fine  adjustment  of 
{BW)p  without  affecting  (BW),,  Wp,  or  a;,.  Similarly,  gmA  may  be  used  to  adjust  {BW), 
without  affecting  th;i  other  three  parameters.  For  the  case  of  the  resonant  frequencies, 
however,  the  situation  is  complicated  by  the  fact  that  for  Bip  =-  1,  both  u;p  and  ujg  are 
functions  of  gm2  and  gmz.  The  fine  adjustment  of  these  frequencies  may  be  handled  by 
first  adjusting  (jjp  using  gm2y  then  adjusting  oj,  using  gmi- 

The  coarse  control  of  the  and  capacitances  is  responsible  for  the  wide  range  of 
frequencies  and  bandwidths  which  can  be  realized  by  the  biquad.  The  gm  of  the  OTA  used 
in  the  biquad  is  adjustable  from  0.19^5  to  43/i5  and  the  programmable  capacitor  can  be 
adjvisted  from  2.Z9pF  to  24.4pF  for  the  specific  implementation  used  in  the  DCASP-2 
design.  Fig.  2.1-3  shows  the  corresponding  range  of  attainable  pole  frequencies  and  pole 
bandwidths  for  the  biquad.  The  attainable  pole  frequency  range  is  seen  to  be  from  less 
than  2kHz  to  greater  than  2MHz;  the  attainable  pole  bandwidths  range  is  essentially  the 
same. 


The  points  in  Fig.  2.1-3  were  generated  simply  by  using  (2.1-3a)  and  (2.1-3b)  to 
calculate  Up  and  {BW)p  for  all  coarse  values  of  gm2^  9m3,  ffmSy  and  C7.  However, 
due  to  signal  amplitude  saturation  on  an  internal  node  in  the  biquad,  it  is  not  practical 
to  implement  transfer  functions  using  some  of  these  gm  and  C  combinations.  Specifically, 
signal  amplitudes  at  the  output  of  gmi  an<i  ffm2  in  Fig.  2.1-2  must  be  limited  (<  4Vp_p) 
in  order  to  prevent  excessive  distortion  of  the  signal. 


The  voltage,  Ki,  at  the  internal  node  is  related  to  the  input  voltage  by  the  following 
equation: 


(2.1  -  4) 


From  (2)  and  (4),  the  voltage  at  the  internal  node  is  related  to  the  biquad  output  voltage 
as 


(2.1  -  5) 


One  way  to  avoid  distortion  at  the  internal  node,  while  maintaining  the  maximum  output 
voltage  range,  is  to  stipulate  that  the  magnitude  be  no  greater  than  1  throughout 

the  frequency  range  of  interest.  Actually,  we  would  prefer  to  stipulate  that  iVo(ju;)|  amd 
1^1  (jw)  I  <  V/{£f  for  all  a;  where  V/i£f  is  some  acceptable  peak  signal  amplitude. 


Figures  showing  the  attainable  pole  frequencies  and  pole  bandwidths  which  satisfy 


the  condition 
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(2.1  -  6) 
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have  been  constructed  to  determine  the  effect  of  this  limitation.  Fig.  2.1-A  shows  the 
range  of  and  BWp  values  for  the  lowpass,  highpass  and  bandpass  transfer  functions 
with  the  signal  amplitude  limitation  of  (2.1-6)  imposed.  These  ranges  are  slightly  less 
than  that  depicted  in  Fig.  2.1-3  where  no  considerations  were  made  for  signal  amplitude 
limitations;  however,  the  ranges  of  attainable  pole  frequencies  and  bandwidths  for  these 
filter  types  still  appear  to  be  sufficient. 


It  can  be  readily  shown  that  no  allpass  transfer  functions  can  be  implemented  which 
satisfy  (2.1-6).  Allpass  functions  may  be  implemented  only  at  the  expense  of  dynamic 
range  reduction;  e.g.,  if  the  output  voltage  is  restricted  to  2Vp_p,  then  a  number  of  pole 
frequencies  and  bandwidths  are  possible  which  will  not  result  in  internal  node  voltages 
greater  than  4Vp_p.  Figures  2.1-5(a)  and  (b)  show  the  range  of  attainable  pole  frequencies 


amd  pole  bandwidths  for  the  allpass  function  subject  to  the  conditions 
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<  2.0 


and 


•  =JWp 


<  3.0,  respectively. 


An  analog  buffer  is  included  at  the  output  of  the  biquad  in  order  to  give  the  biquad  a 
low  output  impedance  and  the  capability  to  drive  the  following  biquad  or  other  load.  The 
CTA  based  integrators  which  comprise  the  biquad  are  not  suitable  for  this  task,  since  the 
CTA  characteristically  exhibits  a  high  output  impedance. 


The  CTA,  PCA,  and  buffer  are  discussed  further  in  the  following  sections. 


Note  that  in  addition  to  the  analog  switches  which  affect  the  transfer  function  of  the 
biquad.  Fig.  2.1-2  shows  one  analog  switch  at  the  biquad  input  (set  by  Bexc)  &nd  two  at 
the  biquad  output  (set  by  Br.aic  and  Bre»p)-  These  allow  the  biquad  input  to  be  connected 
either  to  the  excitation  line  (Vgxc)  in  the  analog  bus  or  to  the  output  of  the  previous 
biquad,  while  the  biquad  output  may  be  connected  to  the  input  (Vca«c)  of  the  following 
biquad  or  to  the  response  line  {Vr«sp)  in  the  analog  bus. 


2.1.2  Controlled  Transconductance  Amplifier  (CTA) 

The  function  of  the  CTA  is  to  provide  a  parzuneter  (transconductance,  Qm)  which  can 
be  varied  in  order  to  achieve  a  desired  biquad  transfer  function.  As  seen  in  Eq.  (2.1-3), 
the  expressions  for  the  biquad’s  pole  and  zero  frequencies  and  bandwidths  each  contain 
at  least  one  gm  factor.  A  block  diagram  of  the  CTA  used  in  this  project  is  shown  in  Fig. 
2.1-6.  It  consists  of  an  operational  trzuisconductance  amplifier  (OTA),  a  digital-to-analog 
converter  (DAC)  and  a  12-bit  latch. 

There  are  two  ways  in  which  to  vary  the  gm  of  the  CTA.  One  results  in  coarse  gm 
adjustment  and  the  other  in  a  fine  adjustment. 

The  cozirse  adjust  is  achieved  by  enabling  any  combination  of  the  six  differently  sized 
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Fig.  2.1-4:  Pole  frequencies  and  bandwidths  for  the  (a)  lowpass,  (b)  highpass,  and 
(c)  bandpass  configurations  of  the  biquad  of  DCASP-2,  restricted  to  those  values  for 
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node  voltages,  respectively 


<  1.0,  where  Vi(s)  and  Vout(s)  are  the  internal  and  the  output 
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Fig.  2.1-5:  Pole  frequencies  and  bandwidths  for  the  biquad  of  DCASP-2  in  the  allpass 


configuration,  restricted  to  those  values  for  which  (a) 


Vout/*) 


$-}U, 


<  2.0  and  (b) 


to)  <  3,0,  where  Vi(«)  and  Vovt{^)  are  the  internal  and  the  output  node 
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voltages,  respectively. 
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output  mirror  stages  of  the  OTA.  This  will  result  in  an  effective  ch2uige  in  the  mirror  gain 
and,  hence,  a  change  in  the  gm  since 


where  Am  is  the  current  mirror  gain  and  gmd  is  the  transconductance  gain  of  the  differential 
input  stage  to  the  OTA.  The  OTA  architecture  will  be  discussed  in  more  detail  in  the 
following  section. 

The  second  way  in  which  to  vary  the  is  to  vary  the  digital  input  to  the  DAC.  This 
will  result  in  a  change  in  the  DAC  output  voltage,  which  is  the  OTA  control  voltage,  Vt^n, 
The  Vtai7  adjustment  constitutes  the  fine  adjustment  capability.  The  transconductance 
gain  of  the  differential  input  stage,  gmdt  is  dependent  upon  Vtaii]  the  relationship  between 
the  two  may  be  approximated  by  the  equation  of  a  straight  line, 


gmd  =  mVtaii  +  b  (2.1-8) 

where  m  and  b  are  constants  determined  from  a  plot  of  g^d  vs.  Vtaii^  From  (2.1-7)  and 
(2.1-8),  the  overall  transconductance  gain  of  the  OTA  can  be  expressed  as 

gm  =  AM(^^ta»7  +  b).  (2.1  -  9) 


Six  bits  have  been  assigned  to  both  the  coarse  adjustment  and  the  fine  adjustment. 
A  12-bit  latch  is  used  to  hold  this  12-bit  control  word.  For  notational  purposes,  the  most 
significant  6  bits  are  used  to  control  the  output  mirror  stage  and  thus  correspond  to  the 
coarse  adjustment  feature  whereas  the  least  significant  bits  are  used  to  control  Vtaii  which 
constitutes  the  fine  adjustment.  The  mapping  of  these  bits  to  the  values  of  attainable  ffm’s 
is  discussed  in  the  following  sections. 

The  basic  architecture  of  the  CTA  is  identical  in  both  DCASP-1  and  DCASP-2; 
i.e.,  the  block  diagram  of  Fig.  2.1-6  applies  to  each.  However,  the  CTA  of  DCASP- 
2  does  include  several  modifications  to  the  latch,  the  OTA,  and  the  DAC.  For  one,  the 
CTA  latch  of  DCASP-1  required  only  8-bits,  as  the  OTA  of  DCASP-1  contained  only  two 
output  stages  compared  to  the  six  output  st^es  of  DCASP-2.  Improvements  in  paramater 
adjustment  range  and  resolution  were  obtained  with  DCASP-2  at  the  expense  of  requiring 
additional  control  bits  and  some  additional  circuit  elements.  The  differences  between  the 
OTA  and  DAC  of  DCASP-1  and  -2  are  discussed  in  the  following  sections. 


2. 1.2.1  Operational  Transconductance  Amplifier  (OTA) 


The  transconductance,  gm,  of  the  OTA  is  one  of  the  parameters  which  sets  the  pole  and 
zero  frequencies  and  bandwidths  of  the  biquad,  the  other  parameter  being  the  capacitance 
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of  the  PCA.  This  is  apparent  from  equation  (2.1-3).  Both  a  fine  and  a  coarse  adjustment 
of  Qm  provided  for  in  the  OTA.  The  OTA  of  DCASP-2  contains  modifications  to  the 
coarse  Qm  control  which  permit  the  biquad  to  realize  a  greater  range  of  frequencies  and 
bandwidths  than  does  the  biquad  of  DCASP-1. 

The  OTA  of  DCASP-2  is  shown  in  Fig.  2.1-7.  Device  sizes  a^e  listed  in  Table  2.1-2. 
The  circuit  is  a  slightly  modified  version  of  a  recently  reported  approach  for  designing 
CMOS  OTA’s  [16].  It  employs  a  linearized  input  stage  consisting  of  a  simple  source- 
coupled  pair  M\ ,  Ms  biased  dynamically  by  a  compensating  current  component  which  is 
proportional  to  the  square  of  the  differential  input  voltage.  This  square-law  compensating 
current  (generated  by  M3  —  Me)  is  used  to  counter  the  inherent  quadratic  nonlinearities 
of  the  source-coupled  differential  pair  itself.  By  properly  scaling  the  W/L  ratios  of  the 
source-coupled  pair  auid  the  cross-coupled  devices,  the  nonlinearities  of  the  input  stage 
can  be  lau’gely  cancelled  out  over  a  wide  input  voltage  range. 

The  control  voltage  Vt*,/  sets  the  bias  currents  and  determines  the  transconductcince 
of  the  input  stage.  The  fine  adjustment  of  Qm  is  accomplished  by  the  adjustment  of  this 
control  voltage.  This  is  further  discussed  in  connection  with  the  DAC  in  the  following 
section.  The  differential  drain  currents,  Id\  and  Jpj,  from  the  linearized  input  stage  are 
amplified  and  subtracted  using  current  mirrors  to  yield  the  OTA  output  current  lo- 

The  pole  frequencies  and  pole  bandwidths  attainable  with  DCASP-1  are  shown  in 
Fig.  2.1-8.  Note  the  undesirable  gap  in  the  attainable  bandwidths  for  frequencies  greater 
than  900  KHz.  Also  note  that  the  minimum  bandwidth  is  approximately  21  KHz;  a  smaller 
minimum  bandwidth  is  preferable.  Both  increased  gm  adjustment  remge  and  resolution  are 
needed. 

The  OTA  design  of  DCASP-1  permits  a  coarse  control  of  by  a  factor  of  either  1 
or  0.1.  There  exists  a  gap  in  the  attainable  values  of  jms>  and  this  causes  the  undesirable 
gap  in  the  attainable  pole  bandwidths  noted  earlier. 

The  OTA  of  DCASP-2  differs  from  the  previous  design  in  that  it  contains  six  output 
stages  rather  than  two.  The  six  output  stages  allow  a  coarse  adjustment  of  gm  by  a  factor 
from  1  to  less  than  0.01.  Furthermore,  these  output  stages  are  designed  such  that  there 
are  no  “gaps”  in  the  attainable  values  of  gm  in  the  geometric  scale  sense. 

The  W/L  ratios  of  the  six  output  stages  were  selected  to  allow  gm  to  be  incremented 
by  geometric  factors  of  1.618  from  the  minimum  value  of  gm  to  the  maximum  value  of  gm- 

For  example,  assume  the  gain  of  the  first  stage  (M26-M33  in  Figure  2.1-7)  is  (1.618)“^°. 
If  the  second  stage  (M34-M39)  is  enabled  while  all  others  are  disabled,  the  gain  is  (1.618)“®. 
If  the  first  and  second  stages  are  enabled,  the  gain  is  (1.618)“^°  +  (1.618)“®  =  (1.618)“®. 
Table  2.1-3  shows  the  digital  control  sequence  necessary  to  obtain  11  uniformly  spaced  (in 
the  geometrical  sense)  gm  values  with  the  6  control  bits. 

Resolution  based  upon  a  geometric  (logarithmic)  scale  rather  than  a  linear  scale  was 
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OTA  with  6-bit  coarse  control 


Table  2.1-2:  Device  Sizing  for  OTA  Structure  of  Fig.  2.1-7. 


Table  2.1-3:  Gain  of  OTA  as  a  function  of  coarse  control  digital  input  assuming  gain  of 
first  stage  is  equal  to  (1.618)"*°. 
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=  .00813 
=  .01316 
=  .0213 
=  .0344 
=  .0557 
=  .0902 
=  .1459 
=  .236 
=  .382 
=  .618 
1.000 


selected  because  it  is  thought  that  this  will  more  realutically  meet  a  larger  portion  of 
filtering  needs.  This  is  particularly  important  for  structures  which  are  capable  of  a  large 
cjp  adjustment  range.  Note  that  when  resolution  is  defined  in  the  geometric  (logarithmic) 
sense  rather  than  the  linear  sense,  a  fixed  %  of  resonant  frequency  resolution  can  be 
maintained  throughout  the  domain  of  adjustment.  With  a  linear  rather  than  geometric 
scale,  the  effective  resolution  (%  of  resonant  frequency)  for  wide  ujp  adj\istment  ranges  is 
much  worse  at  low  frequencies  than  at  high  frequencies. 

The  factor  1.618  is  optimal  in  that  it  is  a  solution  of  the  equation 

X  +  X^--^X-  .  (2.1  - 10) 

Thus,  gains  such  as  (1.618)“®  may  be  obtained  by  enabling  the  (1.618)“^°  and  (1.618)“® 
stages  rather  than  requiring  a  separate  stage. 

It  can  be  noted  from  Table  2.1-3  that  the  6  digital  control  bits  allow  for  the  uniform 
spacing  in  the  geometric  sense  of  11  achievable  gains.  This  is  certainly  much  better  than 
the  6  that  would  be  achievable  if  each  bit  could  select  only  one  gain.  Note  also  that  this 
table  lists  only  11  of  the  possible  2®  =  64  codes  for  Aq  ~  As.  The  digital  control  words 
missing  in  Table  2.1-3  can  also  be  used  to  provide  53  additional  mirror  gains  distributed 
between  the  11  listed  in  the  table.  Although  this  can  provide  significant  improvements  in 
resolution  in  some  ranges,  these  points  are  not  uniformly  spaced  and  are  bunched  towards 
the  unity  gain  end  of  the  mirror  gain  range.  In  particular,  none  of  these  53  points  yield  a 
gain  between  (1.618)“®  and  (1.618)“^®;  hence,  no  improvement  in  the  overall  resolution  is 
achieved  by  adding  these  points. 

The  fine  control  of  jm*  provided  by  the  voltage  Vtaii  must  allow  the  gain  to  vary  by 
a  factor  greater  than  1.618  to  insure  that  there  are  no  undesirable  gaps  in  the  obtainable 
values  of  •  As  discussed  in  the  following  section,  this  factor  was  chosen  to  be  approx¬ 
imately  1.87.  It  is  believed  that  this  will  allow  for  compensation  of  mismatches  in  the 
mirror  devices  which  could  cause  the  coarse  Pm  adjustment  to  deviate  from  the  factor  of 
1.618. 

Recall  from  equation  (2.1-9)  the  relationship  between  Qm  and  Vtaii, 


9m  =  AM(mVtaii  +  b)  (2.1  -  11) 

The  mirror  gain  factor  Am  is  now  seen  to  be  a  power  of  1.618  (assuming  only  the  11  states 
listed  in  Table  2.1-3  are  considered).  Also,  the  constants  m  and  b  determined  from  an 
experimental  plot  of  gmd  versus  Vtaii  are  61.SfiSlV  and  257.9/i5,  respectively.  Including 
these  factors,  the  gm  of  the  CTA  may  be  expressed  as 

gm  =  (1.618)“*(61.8V<a,/  +  257.9)  »  =  0,  1,  .  .  .,  10,  (2.1  -  12) 

where  Vtaii  is  in  volts  and  gm  is  in  fiS. 
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Recall  Fig.  2.1-3  shows  the  range  of  pole  bandwidths  and  pole  frequencies  attainable 
with  the  biquad  DCASP-2.  Comparing  Fig.  2.1-3  to  Fig.  2.1-8,  it  is  clear  that  in  addi¬ 
tion  to  the  absence  of  gaps  in  the  bandwidths,  much  smaller  bandwidths  can  be  attained 
in  DCASP-2.  The  biquad  of  DCASP-2  permits  a  minimum  bandwidth  of  1.2  KHz,  as 
opposed  to  the  minimum  bandwidth  of  21  KHz  for  the  bIquad  of  DCASP-1. 

The  greatly  expanded  gm  adjustment  range  provided  by  the  OTA  design  of  DCASP- 
2  may  eliminate  the  need  for  a  programmable  capacitor  array,  (PCA),  in  future  DC  ASP 
implementations.  Note  from  equation  (2.1-3)  that  the  pole  and  zero  frequencies  and 
bandwidths  are  determined  by  ratios  of  the  form  Sm/C'.  In  DCASP-2,  a  coarse  adjustment 
of  this  ratio  is  obtained  by  the  coarse  adjustment  of  gm  or  the  adjustment  of  the  capacitance 
of  the  PCA.  Considerable  simplification  of  the  circuitry  may  result  if  a  fixed  capacitor 
could  replace  the  PCA;  i.e.,  if  the  coarse  gm  adjustment  alone  provided  sufficient  coarse 
adjustment  of  the  pole  and  zero  frequencies  and  bandwidths. 

The  method  used  to  disable  the  output  stages  is  also  noteworthy.  When  a  stage  is 
disabled,  the  corresponding  signal  current  is  channeled  through  two  auxiliary  transistors 
rather  than  allowed  to  pass  through  to  the  output  node.  For  example,  when  the  first 
stage  is  disabled  (by  setting  Ao  to  logical  0),  the  signal  current  is  channeled  through  M32 
and  M33  rather  than  allowed  to  pass  through  M29  and  M30  (as  it  would  normally  do  for 
Ao  =  1). 

The  point  to  be  noted  here  is  that  the  output  stage  always  draws  a  dc  current,  and 
hence  dissipates  power,  regardless  of  whether  it  is  enabled  or  disabled.  This  results  in 
constant  power  dissipation  for  all  mirror  gains  or,  correspondingly,  a  waste  of  power  for  all 
but  the  case  where  every  output  stage  is  enabled.  Table  2.1-4  lists  the  dc  current  drawn  by 
each  stage  when  that  stage  is  disabled;  these  numbers  were  obtained  from  SPICE  analysis. 

If  desired,  these  losses  may  be  reduced  by  using  a  structure  such  as  the  one  shown 
in  Fig.  2.1-9.  Here,  the  stage  is  disabled  by  controlling  gate  voltages.  When  the  stage  is 
disabled  (A=0),  the  gate  voltages  applied  to  M5  and  M8  are  Vdd  and  V55,  respectively; 
thus,  these  two  transistors  are  off  and  the  stage  draws  no  current.  This  structure  may, 
however,  exhibit  undesirable  cheiracteristics  due  to  such  things  as  increased  gate  capaci¬ 
tance  (due  to  the  presence  of  M3  and  M4)  and  nonlinearities  associated  with  transmission 
gates  Ml  and  M2. 


2.1. 2. 2  Digital-to- Analog  Converter  (DAC)  and  Fine  gm  Adjustment 

The  DAC  generates  the  OTA  control  voltage  Vtaii  which  is  used  in  the  fine  adjustment 
of  gm  (see  Fig.  2.1-7).  The  DAC  of  DCASP-2  was  designed  such  that  the  resolution  in 
gm  always  remains  better  than  1%.  The  resolution  here  is  defined  as 

resolution  =  (2.1  -  13) 

9m 
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Table  2.1-4:  DC  current  drawn  by  disabled  OTA  output  stages. 
Vdd  =  +5V';  V55  =  -5V,  Vbias  =  -2.5V,  Vtau  =  -3.4V 


Stage 

Transistors 

Current  [nA) 

1 

M28-M33 

.72 

2 

M34-M39 

1.26 

3 

M40-M45 

3.4 

4 

M46-M51 

10.3 

5 

M52-M57 

36.0 

6 

M58-M63 

95.2 

where  is  the  change  in  gm  produced  by  one  LSB  transition  of  the  DAC.  The  DAC 
of  DCASP-2  also  allows  greater  overlap  of  the  coarse  gm  ranges  than  would  the  DAC 
of  DCASP-1.  This  is  further  discussed  below.  (Note:  the  gm  resolution  is  ultimately 
determined  by  the  DAC  rather  than  the  output  mirror  stages  of  the  OTA.  Unless  otherwise 
stated,  it  will  be  assumed  throughout  this  section  that  the  mirror  gain,  Am  in  equation 
2.1-9,  is  constant  and  equal  to  1.) 

Consider  first  the  use  of  a  linear  DAC  as  in  DCASP-1.  Since  gm  is  proportional  to 
Vtaii  (see  equation  2.1-9),  the  A^m  is  a  constant.  In  order  to  maintain  a  resolution  of 
<  1%  for  the  largest  possible  range  of  adjustment  of  Qmt  it  follows  from  (2.1-13)  that  the 
value  of  Agm  must  be 

Agm  —  {2.1  —  14) 

For  the  ith  state,  the  value  of  gm  is  then 

gm  =  +  iAgm  t  =  0,  1,  .  .  .,  2*''  -  1,  (2.1  -  15) 

where  N  is  the  number  of  bits  in  the  DAC.  For  a  6-bit  linear  DAC,  the  maximum  value 
of  gm  is 

~  Qmuts  *1"  (2  ~  l)A<7m  =  (2*1  ~  I®) 

Recall  that  the  output  stages  of  the  OTA  allow  for  a  coarse  adjustment  of  gm  by  a  factor 
of  1.618.  The  fine  adjustment  of  gm  by  a  factor  of  up  to  1.63,  suggested  by  (2.1-16),  is 
deemed  to  provide  insufficient  overlap  of  the  coarse  ranges. 


Consider  now  the  use  of  a  DAC  which  allows  Agm  to  be  larger  for  larger  values  of 
Qm  in  order  that  the  ratio  remain  constant.  For  a  resolution  of  1%,  it  follows  from 

3t7% 

(2.1-13)  that 

Agm,  =  Mgm,  (2.1  -  17) 


and 

Qmi+i  —  l.Olffmi 

The  value  of  gm,  is  related  to  the  minimum  value  by 

Qm,  —  {l'0l)’ymM/w  t  =  0,  1,  .  .  .,  2  —  1 


(2.1  -  18) 
(2.1  -  19) 


For  a  6-bit  DAC,  the  maximum  value  of  gm  is 

QmsfAX  ~  9mutN  ~  (2*1  ~  20) 

Thus,  this  constant  ym-resolution  DAC  allows  a  fine  adjustment  of  gm  by  a  factor  of  up  to 
1.87;  this  is  the  maximum  factor  that  can  be  attained  using  a  6-bit  DAC  and  maintaining 
a  resolution  of  at  least  1%. 


The  DAC  implemented  in  DCASP-2  is  such  that  successive  voltage  increments  are 
related  by  a  constant  factor,  i.e., 

AVi+i  =  CAVi  *  =  0,  I,  . .  .,  61  ,  (2.1  -  21) 
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where  Vi  is  the  output  voltage  of  the  DAC  corresponding  to  the  6-b!t  digital  input  ex¬ 
pressed  in  decimal  form  as  t,  C  is  a  positive  constant  and 

AV.  =  Vi+i  -  Vi  »  =  0,  1,  .  .  62  .  (2.1  -  22) 

It  follows  from  (2,1-21)  and  (2.1-22)  that 

AV,-  =  C‘AVo  t  =  0,  1,  .  ,  .,  62  .  (2.1  -  23) 

This  has  been  termed  a  logarithmic  DAC  since,  for  C  ^  1,  the  incremental  voltage  changes 
are  equally  spaced  on  a  logarithmic  scale.  (Note  that  a  linear  DAC  results  when  C=l). 
The  output  voltage  for  the  t**  state  may  be  written 

»-i 

Vi  =  Vo  +  A  Vo  ^  C*  t  =  1,  2 .  63  (2.1  -  24) 

k=0 

or,  for  C  ^  I, 

Vi  =  V.  +  •'  =  1>  ■  •  63  {2.1  -  25) 


An  expression  for  the  resolution  in  ffm  as  a  function  of  the  constant  C  will  now  be 
determined  for  the  case  of  the  logarithmic  DAC.  In  equation  (2.1-9),  the  Qm  of  the  OTA 
was  expressed  as  a  linear  function  of  the  DAC  voltage.  In  terms  of  the  state  of  the 
DAC, 

gmi  =  [mVi  +  b)AM,  (2.1  -  26) 

where  m  and  b  are  the  slope  and  intercept  of  the  gmd  vs.  V,  curve  and  the  output  voltage 
of  the  DAC,  V,,  is  assumed  to  be  the  tail  voltage,  Vtaih  in  the  OTA  structure  of  Fig.  2.1-7. 
(Note;  the  mirror  gain,  Am,  is  included  in  equation  (2.1-26)  to  demonstrate  that  it  need 
not  be  equal  to  1,  but  may  be  any  constant.)  The  incremental  chemge  in  gm  due  to  one 
LSB  transition  of  the  DAC  is  then 


Aj/m,-  —  gmi+i  9mi  —  Am^^Vx 

From  (2.1-23),  it  follows  that 

A^m.  =  C*Am"»AV<,  =  C^Agmo 


and 

(1  - 

9m,  —  ^9mo  _  Q 

Combining  (2.1-28)  and  (2.1-29),  the  resolution  in  gm  is 

Qt  ^9mo 

^9mi  _  C*Agm„  __  _ gm. 


9mi 


A  (1  -  C'O 

^9mo  j  ^  1"  gm* 


(1  -  CQ 

gmo  (l  “  C) 


+  1 


(2.1  -  27) 


(2.1  -  28) 
(2.1  -  29) 


(2.1  -  30) 
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This  last  equation  relates  the  Qm  resolution  for  the  state  in  terms  of  the  constant  C 
and  the  resolution  of  the  zero^^  state.  Of  special  interest  is  the  case  where  the  DAG  is 
designed  such  that 

=  C  - 1  .  (2.1  -  31) 

9tno 


For  this  case,  (2.1-30)  simplifies  to 


^9mi  _ 

Qrrii  9mo 


(2.1  -  32) 


and  the  resolution  is  seen  to  be  constant  and  equal  to  C  - 1.  This  situation,  then,  describes 
the  constant  gm  resolution  DAC  discussed  earlier. 

A  schematic  of  the  6-bit  parallel  switching  array  DAC  used  in  DCASP-2  is  shown  in 
Fig.  2.1-10.  This  structure  is  based  upon  a  (2®  —  1)  63-element  resistive  polysilicon  string 
which  is  tapped  by  a  pyramidal  switching  aurray.  The  array  of  switches  provides  a  single 
conductive  path  to  a  specific  tap  on  the  resistor  string  depending  on  the  digital  input  to 
the  DAC.  This  approach  does  not  require  any  decoding  logic  and  thus  has  a  much  smaller 
active  area  (0.20mm^)  than  the  classical  approach  used  in  DCASP-1  (l.22mm^). 

The  use  of  a  resistor  string  is  suitable  for  realizing  the  linear  DAC  of  DCASP-1  or 
the  logarithmic  DAC  of  DCASP-2.  For  either  case,  the  voltage,  K,,  between  the  i  and  i+1 
resistors  may  be  written  as 


=  •  =  !.  2.  .■.«3 


(2.1  -  33) 


where  Vo  and  Ves  are  the  voltages  present  at  the  two  ends  of  the  resistor  string.  (Note: 
The  voltages  Vre}+  and  Vref-  indicated  in  Fig.  2.1-10  are  the  voltages  which  are  actually 
applied  to  the  input  pins  on  the  chip.  However,  due  to  parasitic  resistances  Rpi  and  i2p2> 
the  voltages  Vq  and  Ves  differ  slightly  from  the  applied  voltages  V,.e/+  and  Vref--) 

A  lineau"  DAC  results  when  the  value  of  all  resistors  is  the  same.  Under  this  condition, 
(2.1-33)  becomes 

K  =  ^(^63  -  V'.)  +  V.  (2.1  -  34) 

DO 

A  logarithmic  DAC  results  when  the  value  of  adjacent  resistors  differs  by  a  constant 
factor  other  than  unity,  i.e.,  when 


Ri  —  CRf-i 


t  =  2. 


(2.1  -  25) 
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or 

Ri  =  C‘~‘iZi  1  =  1,  .  .  63  (2.1  -  36) 

for  C  ^  1.  Under  these  conditions,  (2.1-33)  becomes 

Vi  =  V^  +  ^ - (Ves  -  V,)  ,  (2.1  -  37) 

fc=i 


and  equations  (2.1-21)  through  (2.1-32)  are  satisfied.  Note  that,  from  (2.1-37), 


AVo  =  n  -  U,  =  - (V63  -  Vo) 


1-C 

1_^63 


(V63  -  Vo). 


(2.1  -  38) 


Thus,  A  Vo,  and  hence  Ajmoi  be  made  as  small  as  desired  by  proper  choice  of  the 
constant  C  and  applied  voltages  Vea  and  Vo.  A  more  exact  expression  for  the  voltage  of 
the  state  follows  from  (2.1-25)  and  (2.1-38), 

(2,1-39) 


It  should  be  obvious  that  the  maximum  Qm  adjustment  rzmge,  resolution  emd  digital 
control  word  length  are  related.  This  relationship  is,  from  (2.1-29)  and  (2.1-31). 

9msiAX  ~  SmuiN  “  (l  "h  ^)  »  (2.1  ~  40) 

where  t)  is  the  resolution  and  N  vs  the  length  of  the  digital  control  word. 

To  summarize,  the  DAC  of  DCASP-2  was  designed  to  maintain  a  gm  resolution  of 
<  1%  while  permitting  a  fine  adjustment  of  gm  over  a  wider  range  than  possible  with  a 
linetir  DAC.  Furthermore,  the  logarithmic  DAC  described  above  can  be  used  to  maintain 
a  fixed  gm  resolution  by  choosing  the  constant  C  in  (2.1-35)  to  satisfy  (2.1-31).  For  the 
case  of  a  fixed  1%  gm  resolution,  this  would  result  in  a  fine  adjustment  of  gm  by  a  factor 
of  1.87  for  a  6-bit  logarithmic  DAC,  as  opposed  to  a  factor  of  1.63  for  the  case  of  a  linear 
6-bit  DAC  which  maintains  a  gm  resolution  of  <  1%.  As  the  number  of  bits  increases,  the 
difference  between  the  gm  adjustment  range  attainable  with  a  logarithmic  DAC  and  that 
attainable  with  a  linear  DAC  for  fixed  resolution  also  increases. 

Practical  considerations  make  it  difficult  to  exactly  satisfy  the  constraint  of  (2.1-35) 
since  the  fabrication  process  used  in  DCASP-2  allows  length  variations  only  by  integral 
numbers  of  microns.  For  example,  assuming  C  =  1.01  and  assuming  that  the  resistors 
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are  to  be  single  lengths  of  polysilicon  (as  opposed  to  having  corners),  Ri  would  have  to 
be  100/iim  long  in  order  that  R2  could  be  made  101/im  long  and  hence  satisfy  (2.1-35). 
The  63  element  resistor  string,  assuming  the  width  of  the  string  remained  constant,  would 
require  a  length  of  8,  Ilium. 

Rather  than  using  such  single  length  polysilicon  resistors,  an  alternate  approach  is  to 
include  corners  in  the  resistor,  achieving  the  desired  resistance  variation  by  varying  the 
dimensions  of  the  resulting  polysilicon  segments.  This  is  shown  in  Fig.  2.1-11,  from  which 
the  number  of  squares  of  polysilicon  in  the  resistor  can  be  approximated  by  the  equation 

#3quares  -  ^  -  +  "  +  4(.55)  (2.1  -  41) 

The  factor  of  .55  in  (2.1-41)  is  an  estimate  for  the  equivalent  number  of  squares  represented 
by  a  corner.  Table  2.1-5  lists  the  dimensions  of  the  63  resistors  used  in  the  DAC  of 
DCASP-2. 

Also  listed  in  Table  2.1-5  are  the  ratios  of  adjacent  resistors  in  the  string.  Recall 
from  (2.1-35)  that,  ideally,  these  ratios  should  all  be  equal  to  the  constant  C  =  1.01.  This 
design  goal  was  outweighed  by  practical  considerations  of  device  size  and  the  inaccuracies 
of  equation  (2.1-41)  (i.e.,  the  factor  of  .55  squares  as  an  estimate  for  the  corners  is  not 
exact).  Since  the  adjacent  resistor  ratios  are  not  a  constant  1.01,  the  Qm  resolution  in 
DCASP-2  is  not  exactly  a  constant  1%.  However,  the  reference  voltages  applied  to  the 
resistor  string  may  still  be  selected  such  that  the  gm  resolution  is  always  <1%.  While 
this  does  not  yield  the  maximum  fine  adjustment  of  gm  by  a  factor  of  1.87,  it  is  still  an 
improvement  over  the  linear  DAC;  i.e.,  the  ramge  of  the  fine  adjustment  of  gm  is  increased  in 
DCASP-2  by  using  varying-sized  resistors,  as  opposed  to  using  identically-sized  resistors 
as  in  DCASP-1.  For  the  resistor  values  listed  in  Table  2.1-5,  it  is  estimated  that  the  DAC 
of  DCASP-2  will  allow  a  fine  adjustment  of  gm  by  a  factor  of  1.83  while  maintaining  a  gm 
resolution  of  <  1%. 


2.1.3  Programmable  Capacitor  Array 


The  prograunmable  capacitor  array  was  designed  to  provide  a  coarse  control  of  the 
poles  and  zeros  for  the  biquad  of  DCASP-1.  As  stated  earlier,  with  the  modifications  in 
the  output  stage  of  the  OTA  of  DCASP-2,  the  capacitor  array  may  be  dispensable,  with 
a  fixed  capcicitor  taking  its  place.  If  this  were  done,  the  coarse  control  of  the  poles  and 
zeros  would  be  provided  instead  by  the  coarse  control  of  the  ^m’s.  The  capacitor  array 
was  included  in  DCASP-2,  allowing  both  methods  of  coarse  control  to  be  examined. 

The  array  of  DCASP-2  differs  from  that  of  DCASP-1  in  that  the  effect  of  parasitic 
capacitances  is  better  accounted  for.  This  is  discussed  below.  Also  presented  are  two 
alternate  implementations  of  capacitor  arrays  which  may  find  application  in  future  designs. 

The  pole  and  zero  frequencies  (and  bandwidths)  of  the  biquad  are  determined  by 
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Table  2.1-5:  Resistor  Values  Used  in  DAC  Resistor  String  of  DC  ASP-2.  X,  Y,  Z  refer 
to  the  dimensions  in  Fig.  5.12-6. 


X 

ifim) 


Y 

inm) 


Z 

(urn) 


9 

8 

4 

4 

19 
14 
13 
1 


^  Squares 


6.200 

6.2.55 

6.325 
6.371 
6.438 
6.494 
6.557 
6.600 
6.655 
6.700 
6.755 
6.825 
6.900 
6.950 
7.012 
7.085 
7.144 
7.200 
7.255 

7.325 
7.385 
7.450 


Rs 

(H) 

Rs 

R^r  —  1 

231.8 

- 

234.0 

1.010 

236.0 

1.009 

238.0 

1.008 

240.4 

1.010 

242.3 

1.008 

244.3 

1.008 

246.6 

1.C09 

248.0 

1.006 

250.2 

1,009 

253.0 

1,011 

254.8 

1.007 

257.5 

1.011 

259.8 

1.009 

262.3 

1.010 

264,0 

1.007 

266.2 

1.008 

268.0 

1.007 

270.2 

1.008 

273.0 

1.010 

276.0 

1.011 

278.0 

1.007 

280.5 

1.009 

283.4 

1.010 

285.8 

1.008 

288.0 

1.008 

290.2 

1.008 

293.0 

1.010 

295.4 

1.008 

298.0 

1.009 
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N 

X 

(Mm) 

Y 

(Mm) 

Z 

(/im) 

#  Squares 

Rs 

(n) 

Rs 

Rn  -  1 

31 

11 

4 

11 

7.514 

300.6 

1.009 

32 

10 

5 

13 

7.585 

303.4 

1.009 

33 

11 

4 

8 

7.650 

306.0 

1.009 

34 

11 

4 

7 

7.721 

308.8 

1.009 

35 

10 

5 

9 

7.755 

310.2 

1.004 

36 

12 

4 

16 

7.850 

314.0 

1.012 

37 

10 

5 

7 

7.914 

316.6 

1.008 

38 

11 

5 

7.994 

319.8 

1.010 

39 

11 

5 

8.057 

322.3 

1.008 

40 

11 

5 

8.117 

324.7 

1.007 

41 

10 

5 

8.200 

328.0 

1.010 

42 

11 

5 

8.255 

330.2 

1.007 

43 

13 

4 

14 

8.336 

333.4 

1.010 

44 

13 

4 

11 

8.414 

336.5 

1.009 

45 

12 

5 

17 

8.494 

339.8 

1.010 

46 

12 

5 

14 

8.557 

342.3 

1.007 

47 

13 

4 

8.621 

344.8 

1.007 

48 

13 

4 

8.716 

348.6 

1.011 

49 

14 

4 

14 

8.786 

351.4 

1.008 

50 

14 

4 

11 

8.864 

354.6 

1.009 

51 

14 

4 

9 

8.944 

357.8 

1.009 

52 

13 

5 

16 

9.012 

360.5 

1.008 

53 

13 

5 

13 

9.085 

363.4 

1.008 

54 

13 

5 

11 

9.154 

366.2 

1.008 

55 

13 

5 

9 

9.255 

370.2 

1.011 

56 

13 

5 

8 

9.325 

373.0 

1.008 

57 

13 

5 

9.413 

376.5 

1.009 

58 

14 

4 

B 

9.500 

380.0 

1.009 

59 

14 

5 

Bb 

9.585 

383.4 

1.009 

60 

14 

5 

H 

9.654 

386.2 

1.007 

61 

15 

4 

5 

9.750 

390.0 

1.010 

62 

14 

5 

8 

9.825 

393.0 

1.008 

63 

14 

5 

7 

9.914 

396.6 

1.009 
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ratios  of  the  form  DCASP-1  allowed  a  fine  control  of  gm,  &nd  thus  a  fine  control 
of  the  frequency,  by  a  factor  of  20%.  To  insure  that  there  are  no  gaps  in  the  attainable 
frequencies,  the  coarse  control  f  C  provided  by  the  capacitor  array  must  be  by  a  factor 
less  than  20%.  A  factor  of  13%  was  chosen,  resulting  in  capacitor  values  of 

Ci  =  Co(1.13)‘  ,  i  =  0,  1,  .  .  .,  JNT  -  1,  (2.1  -  42) 

where  Co  is  the  minimum  capacitance  and  N  is  the  number  of  capacitors  in  the  array. 

In  order  to  reduce  the  silicon  area  required  by  the  array,  only  the  incremental  changes 
in  capacitance  were  realized.  For  example,  the  value  of  the  second  capacitor  in  the  array 
is  0.13Co;  the  desired  capacitance  is  then  achieved  by  switching  this  capacitor  in  parallel 
with  the  capacitor  Co,  giving  a  total  of  1.13Co.  Higher  values  of  capacitance  are  achieved 
by  switching  additional  capacitors  one  by  one  in  parallel.  The  value  of  each  capacitor  in 
the  array  is  given  by 

Ci  =  0.13Ci_i  ,  t  =  1,  .  .  AT  -  1  (2.1  -  43) 

and  the  total  capacitance  in  the  state  is 

M 

CM  =  Co  +  Yl^i  ,  M=0,1 . iV-1  (2.1-44) 

isl 

A  value  of  Co  -  2,Z9pF  was  chosen  in  order  to  give  an  upper  frequency  limit  of  approxi¬ 
mately  2MHz  at  the  maximum  value  of  <7m(—  43^S).  A  value  of  N=20  was  chosen  in  order 
to  allow  a  tuning  range  of  one  decade  (/max  =  (l'13)*°/mm  -  10/m»n)* 

A  block  diagram  of  the  programmable  capacitor  array  is  shown  in  Fig.  2.1-12.  The 
array  is  programmed  by  a  5-bit  digital  word  which  is  provided  by  the  system  bus,  stored 
in  a  5-bit  latch,  and  decoded  by  the  cap-predecode  and  cap-decode  logic.  The  resulting 
38  control  lines  (19  switch  control  signals  and  their  complements)  drive  the  19  analog 
switches  in  a  maumer  such  that  for  the  state  the  first  M  switches  are  closed  while  the 
remaining  switches  are  open.  Note  that  Co  is  always  connected. 

In  the  capacitor  array  of  DCASP-1,  the  effect  of  parasitics  was  not  accounted  for. 
There  are  three  parasitic  capacitamces  of  concern;  these  are  indicated  in  Fig.  2.1-13.  All 
three  of  these  are  diffusion  capacitances;  they  are  the  capacitances  which  result  from  the 
reverse  biasing  of  the  p-n  junction  formed  by  the  diffused  region  and  the  bulk.  One  such 
parasitic  capacitance  is  present  at  the  output  of  each  OTA.  A  second  parasitic  appears  at 
the  input  (the  OTA  side)  of  each  analog  switch.  The  third  is  the  parasiti-  capcicitance  at 
the  output  (the  capacitor  side)  of  each  analog  switch.  This  last  is  of  concern  only  when  a 
switch  is  closed,  while  the  other  two  parasitics  are  always  present. 

Approximate  values  of  these  p2U'asitic  capacitances  have  been  calculated  and  are  listed 
in  Table  2.1-6.  All  of  these  parasitics  may  be  considered  as  connected  in  parallel  with  the 
capacitors  of  the  array.  Because  these  were  not  accounted  for  in  the  array  of  DCASP-1,  the 
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Fig.  2.1-12:  Capacitor  Array  Block  Diagram 
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Fig.  2.1-13:  Parasitic  Capacitances  Associated  with  Programmable  Capacitor  Array 


I 
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Table  2.1-6:  Estimates  of  parasitic  capacitances  affecting  programmable  capacitor 

Mray 


Description 

p-Type  Diffusion 
Capacitance  (fF) 

n-Typc  i/iffusion 
Capacitance  (fF) 

Total  Diffusion 
Capacitance  fF 

OTA  Output 

186.4 

216.0 

402.4 

Analog  Switch  Input 

25.69 

21.06 

46.75 

Analog  Switch  Output 

25.69 

21.06 

46.75 
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maximum  attainable  frequency  was  lower  than  anticipated,  while  the  minimum  attainable 
bandwidth  was  higher. 

The  parasitics  were  accounted  for  in  DCASP-2  by  subtracting  the  appropriate  value 
from  the  desired  value  of  capacitance.  The  parasitic  capacitance  of  1.909pF  due  to  “2.5” 
OTA’s  and  19  analog  switch  inputs  is  always  present;  subtracting  from  the  desired  ever¬ 
present  2.39pF  leaves  a  value  of  0.48pF  to  be  implemented  as  C®.  (Note:  The  biquad 
contains  two  capacitor  arrays,  one  of  which  is  connected  to  two  OTA  outputs,  while  the 
other  is  connected  to  three  OTA  outputs.  In  DCASP-2,  rather  than  making  two  differ¬ 
ent  arrays,  one  based  on  two  OTA  outputs  and  one  based  on  three  OTA  outputs,  both 
arrays  were  made  identical,  and  the  parasitic  capacitance  of  1.909pF  was  based  on  an 
assumed  load  equivalent  to  that  of  “2.5  OTA”  outputs.  It  follows  that  the  actual  range  of 
capacitance  will  differ  from  the  designed  range  by  approximately  0.5  times  the  parasitic 
capacitance  of  one  OTA  output;  this  is  deemed  acceptable).  For  capacitors  C\  -  Cig,  only 
the  parasitic  capacitance  of  46.8fF  due  to  one  analog  switch  output  must  be  subtracted. 
Table  2.1-7  lists  the  capacitor  values  and  sizes  implemented  in  the  array  of  DCASP-2, 
along  with  the  values  which  were  implemented  in  DCASP-1. 

It  should  be  noted  that  p-n  junction  capacitances  are  inherently  non-linear.  This 
problem  is  alleviated  to  a  large  extent  in  DCASP-2  by  making  the  p-  and  n-  type  diffusions 
of  the  OTA  equal-sized  and  the  p-  and  n-type  diffusions  of  the  analog  switches  equal¬ 
sized.  The  effect  is  shown  in  Fig.  2.2-17  and  repeated  as  Fig.  2.1-14;  the  capacitance 
due  to  a  parallel  combination  of  equal  size  p-  and  n-type  diffusions  is  clearly  more  nearly 
constant  than  the  capacitance  due  to  either  the  p-type  or  the  n-type  diffusion  alone.  (See 
Sec.  2.2.2.3a  for  a  further  explanation  of  the  diffusion  capacitor  nonlinearities.) 

The  presence  of  parasitic  capacitances  other  than  the  three  discussed  previously  should 
also  be  noted.  For  example,  some  parasitic  capacitance  exists  due  to  the  metal  intercon¬ 
nections  between  the  OTAs  and  capacitor  array.  Also,  in  addition  to  the  bottom  plate  of 
capacitors  Ci  —  Cig  being  connected  to  the  19  analog  switches  discussed  previously,  the 
top  plates  of  all  capacitors  are  connected  to  two  analog  switches  which  help  determine  the 
filter  type  (see  Fig.  2.1-2:  Biquad  Block  Diagram);  each  switch  contributes  a  parasitic 
capacitance.  A  parasitic  capacitance  also  exists  from  the  bottom  plates  of  the  capacitors 
Co  —  Cig  to  the  bulk,  but  this  is  negligible  since  the  bottom  plates  are  connected  to  a 
low  impedance  node.  These  parasitic  capacitances  were  not  accounted  for  in  the  array  of 
DCASP-2. 

This  problem  of  parasitic  capacitance  is  one  of  the  reasons  for  considering  eliminating 
the  capacitor  array,  using  instead  a  fixed  capacitor  and  performing  the  coarse  tune  by 
using  only  the  coarse  ffm  control  of  the  OTAs  (see  Section  2.1.2. 1).  This  will  eliminate  the 
parasitics  due  to  the  analog  switches;  however,  the  additional  output  stages  increase  the 
parasitic  capacitances  due  to  the  OTAs.  The  best  structure  to  minimize  the  impact  of  the 
parasitic  capacitors  remains  to  be  determined. 

If  the  programmable  capacitor  array  is  found  to  be  necessary  or  desirable  in  future 
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Table  2.1-7:  Capacitor  values  implemented  in  the  progremimable  capacitor  arrays  of 
DCASP-1  and  DCASP-2.  Assume  0A6fFlfi^. 


DCASP-1 
Capacitor  Value 
Cw(pf) 

DCASP-2 
Capacitor  Value 
CnIpF) 

DCASP-2 
Capacitor 
Area  (/i^) 

2.39 

0.48 

1046 

0.31 

0.26 

5.65 

0.35 

0.30 

652 

0.40 

0.35 

761 

0.45 

0.40 

870 

0.51 

0.46 

1000 

0.57 

0.52 

1130 

0.65 

0.60 

1304 

0.73 

0.68 

1478 

0.83 

0.78 

1696 

0.93 

0.88 

1913 

1.05 

1.00 

2174 

1.19 

1.14 

2478 

1.35 

1.30 

2826 

1.52 

1.47 

3196 

1.72 

1.67 

3630 

1.94 

1.89 

4109 

2.20 

2.15 

4674 

2.48 

2.43 

5283 

2.80 

2.75 

5978 

J 


“'’“‘o"  “  • 

butt,  .t  ±5K.  (C.  =»  mu.i,n,  C,  =*  , 
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designs,  alternative  implementations  may  be  considered.  Two  such  implementations  are 
disciissed  below. 

First,  consider  the  possibility  of  using  capacitances  which  vary  by  factors  of  1.618, 
i.e., 

Ci  =  Co(l.618)’  I  =  0,  1,  .  .  .,  JV  -  1  (2.1  -  45) 

Note  the  similarity  to  the  coarse  gm  control  discussed  in  a  previous  section.  This  should 
offer  improvements  in  resolution  over  what  is  obtainable  with  the  present  structure.  To 
maintain  the  desired  frequency  range  of  one  decade,  four  capacitors  must  be  fabricated, 

Co  =  Cu  =  2.39p/’ 

Cl  =  Co(1.618)  =  3.867pF 

Cz  =  Co(1.618)®  =  10.124pF  ~ 

Cs  =  Co(1.618)5  =  26.50pF 

where  Cu  represents  a  unit  capacitance  which  is  assumed  to  be  2.39pF.  The  capacitances 
Ca  =  Co(1.618)2  =  Co  +  Ci,  C4  =  Co{1.618)^  =  Co  +  Cj  +  C3  and  C&  =  Co{l.618)fi  = 
Co  +  Cl  +  C3  +  Cs  may  be  realized  by  switching  on  combinations  of  the  four  capacitors, 
just  as  was  described  for  the  coarse  gm  control  of  the  OTA.  A  total  capacitance  of  42.88pF 
is  required  to  realize  these  four  capacitors  with  the  2.34  pf  unit  capacitance.  The  actual 
range  (Ce/Co)  is  17.94,  which  is  somewhat  larger  than  one  decade. 

The  advantages  of  this  technique  are  that  the  number  of  capacitors,  the  size  and 
complexity  of  the  digital  logic  circuitry,  and  the  parasitic  capacitance  due  to  the  analog 
switches  (since  fewer  switches  are  used),  are  all  reduced.  This  technique  assumes,  however, 
that  the  fine  gm  control  provides  an  adjustment  by  a  factor  greater  than  61.8%,  in  order 
that  there  be  no  gaps  in  the  attainable  values  of  the  ratio  ^m/C. 

A  second  possible  implementation  of  the  prograunmable  capacitor  ju-ray  would  have 

Ci  <  1.13C<_i  (2.1  -  47) 

Seven  capacitors  may  be  fabricated, 

Co  =  2.Z9pF 
Cl  =  (1.13)C<,  =  2.70pF 
Cz  =  (l.l3)Ci  =  3.05pF 

Cz  =  (1.13)C2  =  ZJ^.pF  (2.1  -  48) 

C4  =  (1.13)C3  =  3.89pF’ 

Cs  =  (1.13)C4  =  4.40pF’ 

Ce  =  (L13)C5  =  4.97pf’ 
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The  remaining  values  of  capacitance  necessary  to  attain  the  desired  frequency  range  of 
one  decade  may  be  realized  by  switching  on  combinations  of  these  seven  capacitors.  For 
example,  the  frequency  range  covered  by  a  capacitance  of  (1.13)^^  Co  =  S.113pF  could 
certainly  be  covered  by  capacitances  of  C3  +  Cs  =  7.84pF  and  C^  +  C^  =  S.29pF.  While 
the  corresponding  frequencies  would  no  longer  be  uniform  on  a  logarithmic  scale,  the 
desired  range  of  frequencies  would  still  be  adequately  covered. 

This  second  alternate  implementation  has,  like  the  first,  reduced  complexity  and  re¬ 
duced  parasitic  capacitance  relative  to  the  array  of  DCASP-2.  This  second  implementation 
may  also  be  superior  for  factors  other  than  1.13  in  (2.1-47). 

Table  2.1-8  provides  a  brief  summary  amd  comparison  of  the  two  alternate  pro¬ 
grammable  capacitor  array  implementations  and  the  array  of  DCASP-2. 

2.1.4  CMOS  ANALOG  BUFFER 


An  analog  buffer  is  needed  to  interface  eaw:h  biquadratic  filter  with  the  response  and  ex¬ 
citation  busses  since  the  OTA  integrators  used  in  the  filters  exhibit  high  output  impedance. 
This  buffer  must  have  the  ability  to  drive  a  capacitive  load  while  exhibiting  unity  gain, 
good  frequency  response  and  high  input-output  linearity.  Fig.  2.1-15  shows  a  circuit  di¬ 
agram  of  the  buffer  employed  here.  The  circuit  uses  a  simple  differential  pair,  Mi,  M2, 
followed  by  a  Wilson  current  mirror,  M3  —  Me  having  a  gain  m.  Overall  negative  feed¬ 
back  is  applied  from  the  output  to  one  of  the  differential  inputs  to  provide  a  closed-loop 
gain  that  is  close  to  unity  and  highly  linear.  The  feedback  also  results  in  a  low  output 
impedance  approximately  equal  to  l/{mgmi),  where  gmi  is  the  transconductance  of  the 
input  pair.  For  the  buffer  implemented  here,  a  value  of  m  =  5  was  used.  The  remaining 
devices  are  used  to  generate  the  proper  input  and  output  bias  currents  from  the  biasing 
voltage  Vb.  Device  sizing  information  is  given  in  Table  2.1-9. 

Fig.  2.1-16  shows  the  simulated  input-output  transfer  characteristic  of  the  proposed 
buffer.  A  plot  of  the  nonlinearity  in  this  characteristic  is  shown  in  Fig.  2.1-17.  It  is 
evident  from  these  figures  that  the  buffer  exhibits  good  lineeu-ity  for  input  voltages  within 
±2.5V  (which  includes  the  linear  range  of  the  OTAs).  For  positive  input  voltages  the 
output  saturates  at  approximately  -f-3K  due  to  the  two  gate-source  potential  drops  across 
the  output  mirror  devices.  For  negative  input  voltages  below  — 3V,  the  tail  current  devices 
Ml  2  and  M13  begin  to  turn  off,  which  in  turn  causes  the  output  mirror  to  turn  off.  This 
results  in  the  sudden  dip  in  the  output  voltage  evident  in  Fig.  2.1-16.  The  simulated 
frequency  response  of  the  buffer  is  shown  in  Fig.  2.1-18  for  a  load  capacitance  of  10  pF. 
This  plot  indicates  a  3-dB  cutoff  frequency  of  approximately  14  MHz.  At  low  frequencies, 
the  simulated  buffer  exhibits  a  gain  of  0.995  and  an  output  resistance  of  l.ZkCl. 
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Table  2.1-8:  Comparison  of  Programmable  Capacitor  Array  Implementations. 


Description 

^Capacitors* 

Capacitance  Range 
(PF) 

#  Analog 
Switches 

Parasitic  Switch 
Capacitance  (pF) 

Ci  =  (1.618)‘ 

4 

2.39-42.88 

4 

0.187 

C.  <  l.iaCi-i 

7 

2.39-24.53 

•V 

t 

0.327 

Ci  =  1.13C,_i 

20 

2.39-24.37 

19 

0.888 

(DCASP-2) 

*  This  is  the  number  of  capacitors  required  to  allow  a  coarse  tune  of  the  frequency  by  at 
least  one  decade  with  no  gaps  (in  the  geometric  sense)  in  the  attainable  frequencies. 
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Fig.  2.1-15:  Analog  CMOS  buffer. 


2. 


Table  2.1-9:  Device  sizing  for  the  buffer  of  Fig,  2.1-15. 


DEVICE 


M1-M2 

M3-M4 

M5-M6 

M7-M3 

M9 

MIO 

M11-M12 

M13-M14 


SIZE 

(microns) 


W 


Output  (Volts) 


Fig.  2.1-16:  Buffer  transfer  characteristics. 
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Nonlificority  (X) 


Input  Voltoge  (V) 


Fig.  2.1-17:  Nonlinearity  in  buffer  transfer  charactertistics. 
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L 


Coin  Magnitude  (d8) 


i 


Fig.  2.1-18:  Frequency  response  of  buffer  {Cioad  =  lOpF). 
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2.2  Performance  Measurement  System 

Because  the  DCASP  architecture  is  dependent  upon  a  tuning  mechanism  to  meet  sys¬ 
tem  specifications  in  the  presence  of  global  and  statistical  IC  process  parameter  variation, 
the  overall  attainable  accuracy  of  this  system  is  limited  by  the  accuracy  of  the  performance 
measurement  or  characterization  system.  The  hardware  focal  point  of  the  performance 
measurement  system  is  the  performance  detector  of  the  general  DCASP  architecture  of 
Fig.  1.2-1.  In  addition  to  the  performance  measurement  system  is  the  interface  between 
the  analog  Controlled  Signal  Processor  (CSP)  or  filter  and  the  tuning  algorithm,  as  shown 
in  Fig.  2.2-1.  The  role  of  the  Performance  Detector  is  to  act  as  a  slave  to  the  tuning 
host  (termed  Digital  Controller  in  Fig.  1.2-1)  by  providing  this  system  with  the  requested 
measurement  results.  These  results  may  range  from  transfer  function  frequency  responses 
depicted  as  an  array  of  discrete  gain  and  phase  measurements,  to  higher-level  system 
specifications,  such  as  center  frequency,  bandwidth,  ripple,  maximum  gain,  Q,  and/or  ZdB 
points. 

The  physical  measurement  consists  of  generating  an  analog  excitation(s)  (e.g.,  sinu¬ 
soidal  voltage  source]  as  an  input  to  the  CSP  and  then  recording  both  the  excitation  and 
corresponding  response  from  the  CSP.  This  excitation  system  is  typically  a  programmable 
function  generator,  in  which  both  the  amplitude  and  frequency  of  the  input  waveform  can 
be  controlled  from  a  digital  interface.  Because  the  actual  excitation  may  differ  from  the 
desired  excitation,  this  signal  must  be  supplied  to  the  Performance  Detector  hardware  for 
characterization  along  with  the  response  signal,  as  shown  in  Fig.  2.2-2.  Both  the  excitation 
hardware  and  Performance  Detector  are  controlled  by  a  central  performance  measurement 
controller,  which  comprises  a  portion  of  the  Digital  Controller  of  the  DC.ASP  structure. 

The  performance  measurement  system  can  be  conveniently  broken  into  two  parts, 

(1)  Data  Collector. 

The  Data  Collector  is  responsible  for  making  electrical  measurements.  These  may 
include  measuring  gain  and/or  phase  of  the  system  transfer  function  at  a  discrete 
number  of  frequencies. 

(2)  Data  Interpreter. 

The  data  interpreter  is  responsible  for  the  interpretation  of  the  data  measurement 
results  into  system  level  specifications  such  as  center  frequency  (wo),  maximum  gain 
[Umax]')  bandwidth  (BW),  Q,  and/or  ZdB  points. 

A  discussion  of  data  interpretation  is  presented  next  followed  by  a  discussion  of  data 
collection  hardware. 
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Fig.  2.2-1.  Block  di&gram  of  intended  performance  measurement  system  usage  in  a  typical 
tuning  environment. 
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Fig.  2.2-2.  Block  diagram  of  performance  measurement  system. 


2.2.1  Data  Interpretation 

In  each  step  of  the  performance  measurement  process,  (collection  amd  interpretation) 
the  accuracy  of  the  input  data  must  be  known  and  the  corresponding  accuracy  of  the 
results  must  be  computed  and/or  an  error  budget  bounding  the  worst-case  resultant  error 
must  be  evaluated.  The  tuning  algorithm  depends  upon  accurate  and  consistent  data. 

In  this  section  an  algorithm  for  computing  the  gain  and  phase  response  from  discrete 
time  samples  will  be  discussed.  This  will  be  followed  by  an  investigation  of  a  SPLINE 
fitting  algorithm  which  is  used  to  interpret  measurement  data  and  give  good  estimates 
of  system  transfer  function  characterization  parameters  such  as  peak  gains,  band  edges 
and  bandwidths.  These  discussions  will  be  restricted  to  a  system  transfer  function  which 
closely  approximates  a  standard  second-order  bandpass  characteristic. 


2. 2. 1.1  Discrete  Time  Sampling  Algorithm 


There  are  many  different  approaches  for  characterizing  the  frequency  response  of  an 
unknown  system  transfer  function,  r(s).  These  include  peak  detector  structures,  rms  inte¬ 
grator  structures  and  instantaneous  sampling  techniques.  One  of  the  most  straight  forward 
and  common  methods  of  gathering  data  involves  using  a  high  speed  sample  and  hold  to 
“grab”  the  data  followed  by  a  lower  frequency  analog  to  digital  converter  which  is  used  to 
convert  the  sampled  data  to  a  digital  representation  of  the  signal  amplitude.  A  method 
of  obtaining  the  magnitude  and  phase  of  a  system  transfer  function  based  solely  upon  a 
finite  number  of  time  domain  samples  of  the  input  and  output  is  discussed  in  this  section. 
This  technique  relies  on  the  post-processing  of  the  digitized  instantaneous  time-domain 
voltage  samples  to  obtain  a  single  gain  and  phase  measurement  at  a  specific  frequency.  It 
will  be  initially  assumed  that  the  input  and  output  waveforms  are  distortionless  sinusoids 
of  known  frequency  and  that  the  system  is  operating  in  the  sinusoidal  steady  state.  If  the 
frequency  is  not  known,  it  will  need  to  be  determined  independently  either  with  the  aid  of 
the  necessary  hardware  (e.g.,  frequency  coimter)  or  software.  Since  the  reference  frequency 
is  assumed  available,  an  accurate  determination  of  the  frequency  of  the  excitation  should 
not  prove  difficult. 


A  major  problem  to  address  in  a  time-domain  based  algorithm  is  the  timing  jitter 
involved  in  taking  precise  time-domain  measurements  of  high-frequency  signals  at  exact 
specific  time  instances.  This  timing-jitter  problem  can  be  quantitized  by  doing  a  simple 
worst-case  sensitivity  analysis  of  a  sinusoidal  waveform,  v{t)  as  a  function  of  the  timing- 
jitter,  At.  For  the  signal,  v(t)  =  Vmsm{wt),  it  can  be  readily  shown  that  the  worst-case 
normalized  deviation  of  an  instantaneous  value  of  v(t)  from  its  actual  value  satisfies  the 
inequality 


Av{ti) 


<  u)At  V  t,-, 


m 
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where 


Av(t,)  |v(<<)  -  v{U  +  At) I 


and  u;'S’2jr/. 


(2.2  - 16) 
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The  impact  of  this  problem  is  quantitized  in  Table  2.2-1.  Even  for  relatively  low  freq  lency 
applications,  the  maximum  acceptable  timing  jitterfor  1%  accuracy  in  function  measure¬ 
ment  is  under  2r}sec.  In  a  3^  CMOS  process,  gate  delays,  which  are  the  major  source  of 
the  timing  jitter,  are  typically  in  the  range  of  5  -  lOr/s.  This  makes  sampling  at  precise 
instances  of  time  extremely  challenging. 

The  following  time-domain  sampling  algorithm  minimizes  the  effects  of  the  timing- 
jitter  problem  by  restricting  the  sampling  technique  to  simultaneous  sampling  of  the  input 
and  output  waveforms  at  random  time  intervals,  thus  reducing  the  problem  to  timing-jitter 
induced  by  processing  mismatches  or  voltage  dependence  between  two  identical  sample  and 
hold  circuits  controlled  by  a  common  trigger  signal.  A  description  of  this  algorithm  follows. 

Consider  a  linear  system  with  a  sinusoidal  excitation, 

sin(a;t)  (2.2  -  2a) 

The  system  response  is  of  the  form 

t;o(0  =  Kj*  3in(wt  -I-  ^)  =  Vo^(sin(ci;t)  cos  (9  +  cos{wt)  sin  d\  (2.2  -  26) 

where  $  is  the  phase  shift  of  the  output  relative  to  the  excitation  and  is  the  amplitude 
of  the  output  sinusoid.  Eliminating  u;  and  the  absolute  time  dependence,  t,  from  the  two 
above  equations  by  solving  simultaneously  for  the  ut  product  yields  the  expression 

'’cit)  =  cos  $  +  -  v,(t)*sin  (2,2  -  3) 

where  v<,(t)  and  v,(t)  ax'’  -he  input  and  output  samples  which  are  simultaneously  measured 
at  time  t.  There  are  three  unknowns  in  this  expression;  the  maximum  input  and  output 
amplitudes  (V,-^,  and  the  phase  (^),  Equivalently,  the  parameters  Vi^,  gain  {H  = 
^^),  and  9  can  be  considered  as  the  unknown  parameters.  Thus,  if  3  independent  samples 
are  taken  in  the  time  domain  at  a  fixed  frequency,  the  resulting  3  nonlinear  equations  can 
be  simultaneously  solved  for  the  gain  (if),  phase  (9),  and  input  signal  amplitude  (Vim). 
A  solution  of  these  three  simultaneous  equations  for  H  and  9  is  given  in  (2.2-4).  The 
expression  for  Vim  is  not  given  because  it  is  not  of  interest  at  this  point. 


where, 


H  = 


lkoo{3,2)koi{2,l)  -  koo(2,l)km(3,2) 
kii{2,l)koi{Z,2)  —  kii{Z,2)koi{2,l) 

rnnff  —  ^oo(3,2) 


k,i(n,m)  = 
koi{n,m)  =  Vo^Vi^  - 
koo{n,m)  =  VoJ  -Vo„^ 


(2.2  -  4a) 


(2.2  -  46) 


(2.2  -  4c) 
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Table  2.2-1.  Timing-Jitter  effects  on  sampling  high-frequency  sinusoidal  waveforms. 
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and  where  Vt,  v»{tn)»  Vo,  =  Vo(tn)  for  Independent  time  instances,  ti,  tj,  and  tz. 
From  (2.2-4)  it  is  apparent  that  the  magnitude  and  phase  of  r(s)  can  be  readily  determined 
with  a  modest  amount  of  post-processing  entirely  from  the  measured  input  and  output 
amplitudes  at  three  randomly  spaced  points  in  time. 

The  key  assumptions  in  the  above  formulation  are  repeated  below. 

(1)  The  input  signal  is  an  undistorted  sinusoid  which  is  stable  in  frequency,  amplitude, 
and  phase. 

(2)  The  system  has  reached  steady-state  and  the  output  signal  is  undistorted  and  offset 
free. 

(3)  Input  and  output  signals  are  sampled  simultaneously. 

(4)  The  Performance  Detector  (amplitude  measurement  circuit)  is  of  infinite  precision 
and  accuracy. 

(5)  The  samples  ti,  tj  and  tz  are  independent  in  the  sense  that  the  three  equations  of 
the  form  of  (2.2-3)  are  independent  equations. 

In  actuality,  the  performance  measurement  system  will  not  be  ideal  and  minor  viola¬ 
tion  of  all  five  key  assumptions  can  be  expected.  It  is  important  that  the  errors  induced 
by  these  effects  be  quantitized  and  bounded. 

Item  (1)  and  (2)  above  can  be  handled  by  incorporating  these  nonidealities,  such  as 
DC  offsets,  harmonic  distortion,  slewing,  etc.  into  the  overall  system  model,  at  the  expense 
of  requiring  additional  samples  and  increased  computational  complexity.  The  inaccuracies 
of  item  (4)  above,  may  very  well  require  modeling  and  characterization  of  the  Performance 
Detector’s  nonidealities,  such  as  voltage  dependent  nonlinearities.  If  the  independence  of 
temporal  samples  is  difficult  to  guarantee,  oversampling  and  smoothing  techniques  can  be 
used.  Additional  simulations  of  the  affects  of  these  nonidealities  are  under  investigation; 
however,  it  is  not  anticipated  that  these  affects  will  be  too  problematic. 


2.2.1. 2  Functional  Filter  Parameter  Determination 

In  the  previous  section,  an  algorithm  and  architecture  was  proposed  for  collecting  a  se¬ 
ries  of  discrete  data  points  relating  gain  and  phase  measurements  to  a  measured  excitation 
frequency.  Motivated  by  the  tuning  algorithm,  this  set  of  data  needs  to  be  interpreted  or 
related  to  the  functional  design  parameters  of  the  filter  being  chzu’acterized  and  tuned.  In 
this  section,  the  interpretation  problem  will  be  properly  formulated,  and  several  potential 
solutions  presented. 
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3.2.1.2a  Problem  formulation. 


.\ssume  a  set  of  gain  measurements  representing  points  the  frequency  response  of  an 
unknown  system  transfer  function,  has  been  obtained.  For  example,  these 

frequencies  may  be  17Ar£;>i5{yw,)l,  for  i  =  l,2,...n},  where  u/,-  represents 

a  series  of  discrete  frequencies  and  Tmeas  denotes  the  measured  value  of  the  transfer 
function  Tact(^)  of  s  =  jw,.  Assume  further  that  we  wish  to  extract  information  about 
Tact>  *och  as  pole  Q,  peak  gain  (ifmax)»  bandwidth  (BW),  center  frequency  {wo),  ripple, 
3dB  points,  etc.,  from  the  measured  data  points  that  would  normally  characterize  the 
performance  of  that  particular  filter. 

Several  factors  make  the  determination  of  the  characterizing  performance  parameters 
non-trivial.  First,  only  a  finite  set  of  measured  data  points  is  usually  available  and  even  this 
set  may  be  small.  The  characterization  parameters  of  interest  are  often  not  the  measured 
data  points  nor  some  simple  function  of  the  data  points.  Furthermore,  there  are  usually 
measurement  errors  associated  with  the  measured  data  points. 

The  characterization  of  a  network  for  the  purpose  of  satisfying  an  existing  need  can 
often  be  made  in  more  than  one  way  resulting  in  differing  characterization  parameters. 
Some  characterizations  may  make  the  determination  of  these  parameters  much  easier  than 
others. 

One  obvious  approach  to  the  problem  is  to  use  the  measured  data  points  to  obtain 
a  rational  fraction  approximation,  T(s),  of  Tact(^}’  This  is  motivated  by  the  fact  that 
Tact(^)  is,  itself,  assumed  to  be  a  rational  fraction  providing  potential  for  r(s)  to  be  a 
very  good  approximation  of  Tact(^)-  This  is  further  motivated  by  the  fact  if  the  functional 
form  of  r{s)  is  known,  then  optimization  algorithms  such  as  a  least  squares  curve  fii  may 
be  used  for  determining  the  values  of  the  coefficients  of  T(s)  from  the  measured  data  points. 
Once  T{s)  is  known,  most  characterization  parameters  of  interest  can  be  readily  obtained 
from  T(s). 

This  approach  is  complicated  by  two  factors.  First,  since  the  exact  functional  form  of 
Tact(^)  is  unknown,  a  fit  of  the  data  of  T(s)  may  result  in  a  T(3)  which  differs  considerably 
from  Tact(^)’  Second,  optimization  algorithms  which  fit  data  to  rational  fractions  tend 
to  be  computationally  intense  and  tend  to  converge  to  local  minimums  which  may  differ 
considerably  from  the  global  minimums.  This  is  in  contrast  to  algorithms  which  fit  data 
to  polynomials  which  are  often  well  behaved. 

The  major  purpose  of  the  above  approach  was  the  determination  of  the  rational  frac¬ 
tion  T(s)  from  which  the  characterization  parameters  of  interest  could  be  readily  deter¬ 
mined.  This  determination  will  be  made  by  a  digital  computer.  Although  the  system  .-self 
is  actually  characterized  by  the  rational  fraction,  TactC^))  rational  fraction 

form  of  T(s)  that  makes  the  determination  of  the  parameters  of  interest  straightforward 
but  rather  the  continuity  of  T(s)  which  is  inherent  in  any  rational  fraction.  With  the 
realization  that  it  is  the  continuity  rather  than  the  rational  fraction  nature  of  T(s)  that 
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is  of  interest,  other  approximations  of  Tact{^)  ot  its  magnitude  or  phase  may  also  be 
considered. 

With  these  observations,  the  problem  will  be  approached  as  follows 

1.  The  performance  characterization  paramaters  will  be  restricted  to  those  parameters 
which  can  be  readily  determined  from  \TACT{j(^)\-  This  includes  such  paramaters 
as  bandwidth,  band  edge,  peak  gain  and  resonamt  frequency  but  practically  excludes 
paramaters  such  as  pole  locations  and  pole  Q. 

2.  A  continuous  approximation  H (a;)  of  \TactU<*^) I  will  be  made  based  upon  the  sampled 
data  points. 

3.  The  performance  charzurterization  parameters  will  be  obtained  from  H{u;). 

The  restriction  to  magnitude  functions  is  made  primarily  for  notational  convenience 
and  the  fact  that  in  most  applications,  the  performance  characterization  parameters  of 
interest  are  based  upon  \Tact{3<*^)\-  is  thought  that  inclusion  of  phase  parameters  will 
not  significantly  complicate  the  above  approach. 

This  can  best  be  illustrated  with  an  example,  as  follows: 

Example: 


Consider  a  2nd-order  bandpass  filter,  characterized  by  the  bandwidth  [BW), 
center  frequency  (wo),  and  the  maximum  gain  {Amaz)^  as  defined  below. 

Amax  max  jrAcr(yw)|} 

(2.2-5) 

def  , - 

^0  = 


For  this  system  the  extraction  procedure  would  be  as  follows: 

(1)  collect  a  series  of  gain  measurements  from  the  performance  detector  hard¬ 
ware,  as  depicted  in  Fig.  2.2-3a; 

(2)  fit  a  function,.ff(u;),  or  curve  to  these  data  points,  as  shown  in  Fig.  2.2-3b; 

(3)  locate  Amax,  compute  Amax  -  and  locate  the  ZdB  points  of  the  filter’s 
frequency  response,  as  shown  in  Fig.  2.2-3c. 

This  simple  example  illustrates  the  basic  steps  involved  in  characterizing  a 
filter’s  observable  design  parameters.  The  real  problem  is  much  more  compli¬ 
cated  than  this:  (1)  the  curve  fitting  algorithm  must  tolerate  quantization  effects 
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and  measurement  errors  associated  with  the  performance  detector,  and  slight 
variation  in  the  number  of  data  points  in  the  passband  and/or  their  locations; 
(2)  both  the  extraction  and  tuning  algorithm  must  tolerate  and/or  model  curves 
with  multiple  inflection  points  as  found  in  higher-ordered  systems,  as  shown  in 
Fig.  2.2-3d. 


Since  there  are  many  different  types  of  filter  responses  (e.g.,  bandpass,  lowpass, 
lowpass-notch,  etc.)  with  each  type  of  filter  having  its  own  set  of  typical  design  clas¬ 
sification  parameters,  the  scope  of  the  problem  is  large.  At  this  stage,  the  problem  shall 
be  limited  to  the  bandpass  filters  realizable  by  DCASP-2,  which  are  ideally  second-order. 
Besides  limiting  the  class  of  filters  and  the  range  of  possible  Q  and  Uo,  it  also  limits  the 
effects  of  the  parasitic  over-ordering  to  systems  that  are  predominately  2nd-order.  More 
specifically,  this  guarantees  that  the  parasitic  poles  and  zeros  are  well  beyond  the  pass- 
band  of  the  bandpass  filter.  This  simplifies  step  (3)  of  the  extraction  process  (listed  above). 
Higher-order  filters  will  be  investigated  at  a  future  date. 

With  the  scope  of  the  problem  restricted  and  the  extraction  approach  specified,  the 
remainder  of  the  problem  formulation  is  the  determination  of  a  good  method  for  obtaining 
the  continuous  fitting  function  H[^)-  Both  accuracy  and  computational  efficiency  will  be 
considered  when  addressing  this  problem. 

Figures  of  merit  for  evaluating  each  of  the  algorithms,  are  the  worst-case  percent 
deviation  between  the  computed  a>o  and  BW,  and  their  actual  values.  These  deviations 
will  be  considered  for  the  complete  gambit  of  2nd-order  bandpass  filters  realizable  by 
DCASP-2.  The  number  and  location  of  the  sample  data  points  required  for  good  accuracy 
will  also  be  considered  as  will  the  time  required  for  the  curve  fitting. 

A  system  model  will  now  be  developed  which  c^Ln.  be  used  to  simulate  the  performance 
of  different  curve  fitting  algorithms.  This  model  will  approximate  the  actual  model  of  the 
Biquads  in  DCASP-2. 

High-Order  Biquad  model.: 

The  ideal  transfer  function  for  ihe  DCASP-2  Biquad  of  Fig.  2,1-2  when  configured 
to  realize  the  bandpass  transfer  function  (see  equivalent  circuit  of  Fig.  2.2-3')  has  been 
previously  reported  and  is  given  by  (2.2-6). 


Tideal{^) 


C 


S 


which  can  be  expressed  in  normalized  form  by  the  equation 


J/DEyii(*)  = 


a^s 

+  ass  +  020:3 


(2.2  -  6) 


(2.2  -  7) 


2.2-9 


! 

ax 

75 

C 

‘  a 
■  o 

1 

- 1 

(a)  j 

n  K 

jr  M 

*  a 

a  * 

a 

X 

^  j 

1  1 

freque'^Cy  (Hz;  | 

I 


<b) 


f'reque'ic/  (Hz) 


rreqcie''cy  (Hz) 


(a) 


Frequency  (Hz) 


Fig.  2.2-3  a)  b),  c),  d).  Extraction  of  filter  design  parameters  for  previous  example. 
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Fig.  3.2-3';  TAG  Bandpass  Filter 


^0  _ _ _ 

K"  S^CqCj  +  sC^gmh  +  9m29m3 


9mS 


where  it  is  assumed  that  the  capacitors  C«  and  C7  are  equal,  C«  =  C7  =  C  and  where 
the  Laplace  Transform  variable  s  is  actually  the  normalized  Laplace  Transform  Variable 
3n  obtained  from  the  normalization 


= 


i£ 

9fn 


(2.2  -  8) 


The  paramater  ym  is  a  normalization  paramater  with  units  conductance  aind  the  a  param¬ 
eters  in  (2.2-6)  are  defined  by 


a,  =  ^  *  =  2,  3,  4  and  5  (2.2  -  9) 

9m 

The  subscript  on  s  has  no*  been  used  in  (2.2-7)  to  reduce  notational  complexity  in  what 
is  to  follow. 


From  these  equations  several  ideal  characteristic  filter  parameters  which  are  often  of 
interest  can  be  computed  as  follows. 
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\/9m%9Tni  norm  - 
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-BW  +  ^/4ul  -  BW^ 
uJzdBi  = - 2 - 

+BW  +  x/4u;3  -  BW^ 

U/zdBi  =  - 5 - 


(2.2  -  10a) 

(2.2  -  106) 
(2.2  -  10c) 

(2.2  -  lOd) 

(2.2  -  lOe) 


where  wq  is  the  frequency  where  the  gain  peaks,  BW  is  the  3dB  bandwidth,  Q  is  the  pole 
Q  and  (^^sdBi  ^d  ws^b,  are  the  two  frequencies  where  the  gain  is  down  3dB  from  its  peak 
value.  The  equations  for  W3<iB,  and  ujzdB2  satisfy  the  expressions, 


W3«JB,W3rfB9  =  w* 
W3dBa  ~  ^3dBi  =  BW 


(2.2  -  11a) 
(2.2  - 116) 


Now  that  we  have  developed  the  ideal  transfer  function,  we  can  extend  our  model 
by  including  the  dominant  parasitic  effects.  These  are  the  finite  output  impedance  of  the 
OTA  and  the  high  frequency  roll  off  of  the  gain  of  the  OTA.  The  finite  output  impedance 
of  the  OTA  can  be  modeled  by  an  output  conductance,  as  shown  in  Fig.  2.2-4. 
Typically,  100  <  ^  <  300.  Ideally  got  =  0 
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A  single  pole  model  for  the  OTA  is  useful  for  modeling  the  high  frequency  roll-off  of 
the  device  and  is  characterized  by  the  equation 

9mo  ■ 

T—±<  (2.2-12) 

W., 


9m,  (^)  — 


where  ym„.  is  the  low  frequency  transconductance  gain  and  the  Wp,  term  is  the  pole  fre¬ 
quency.  Typically,  10  <  ^  <  20,  and  ideally  Wp,-  =  oo. 

Applying  these  models  to  the  biquadratic  circuit,  a  model  of  the  transfer  function 
of  the  circuit  which  includes  the  major  parasitics  is,  in  normalized  form,  given  by  the 
expression 

ao4S  +  (c2S*  +  ais  +  Oo) 


TmW  = 


+  OqsS  +  OCQ^Olos  +  (^43'*  +  63S®  +  +  6lS  +  bo) 


(2.2  - 13) 


where  it  is  assumed  that  Up^  =  Wp^  =  Wp,  =  Wp^  =  Wp  and  where  s  is  the  same  normaliza¬ 
tion  pzu-ameter  as  used  in  (2.2-8).  The  parameters  002,  ao3»  ^04  and  otos  are  as  in  (2.2-9) 
with  </m,  replaced  with  ymo<-  In  this  model,  parasitics  are  included  in  the  polynomials 
involving  the  “a” and  “b”  coefficients.  If  we  define  the  normalized  output  conductances 
and  parasitic  pole  frequencies  by  the  expressions 

9m 
and 


Wpn  —  Wp 
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(2.2  -  14) 
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then  the  a  and  b  coefficients  in  (2.2-13)  are  given  by 

<lo  =  002(^04 
0104002 


ai  = 


u; 


pn 


0104 

02  =  -- 
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bo  =  0O2<XO6  +  0O2{0OZ  +  004  +  0Oi) 

=  002  +  003  +  004  +  0Oi  +  ^^{ocoi  +  2[/?03  +  004  +  005]) 
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Ideally  all  “a”  and  “b”  coefficients  are  zero. 
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Fig.  2.2-4.  OTA  model  includirg  finite  output  impedance  effects. 
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3.3.1.2b  Functional  Alter  parameter  Interpolation  algorithms. 

There  are  many  interpolation  or  curve  fitting  algorithms  for  fitting  a  continuous  func¬ 
tion  to  a  discrete  set  of  data  points  available  in  the  literature  utilizing  many  different 
approximating  functions.  Some  of  these  functions  are  as  follows: 

o  polynomial:  p(z)  = 

o  spline  or  piece-wise  polynomial  —  distinct  polynomials  approximating  the  func¬ 
tion  on  adjacent  intervals; 

o  rational  fraction,  a  ratio  of  two  polynomials  pn[x)fpm(x)i 
o  Chebyshev  series, 

0  and  many  others  (fourier  series,  exponentials,  etc.). (17,18] 


There  are  also  many  different  interpolation  algorithms,  such  as 

0  least  squares  approximation, 

0  Lagrange  interpolating  polynomial, 

0  Newton  interpolating  polynomial, 

0  Aitken  linear  interpolation  method 
o  Gregory-Newton  interpolation, 

0  cubic  spline  interpolation,  etc.(l7] 


Basically,  the  interpolation  algorithm  uses  a  specific  approximation  function  (e.g., 
nth-order  polynomial  function),  with  a  specialized  criterion  for  determining  the  so  called 
“best  fit” .  These  two  aspects  differentiate  one  algorithm  from  another.  Our  goal  here  is 
to  find  the  algorithm  and  approximation  function  that  “best  fits”  our  specific  application 
(i.e.,  2nd-order  Biquads  with  both  high  and  low  Q). 

If  an  approximation  of  the  magnitude  of  Tact{^)  is  of  interest,  a  polynomial  fit  of 
the  measured  data  in  terms  of  the  parameter  w  is  one  of  the  most  obvious  app’-oaches. 
Unfortunately,  simulations  have  shown  that  polynomial  fits  of  reasonably  low  order  with 
a  reasonably  small  number  of  sample  points  do  a  poor  job  of  approximating  a  rational 
fraction  over  a  very  large  range  of  <jj  values.  These  simulations  also  show  that  low-order 
polynomial  fits  with  a  small  number  of  sample  points  do,  however,  fit  rational  fractions  very 
well  over  a  small  (local)  range  of  u  values.  A  discussion  of  several  curve  fitting  functions 
and  algorithms  follows. 

All  are  collocation  algorithms  in  which  the  paramaters  which  characterize  a  particular 
lunction  type  are  selected  so  that  the  sample  points  and  approximating  functions  agree  at 
the  sample  points.  In  all  cases  the  number  of  sample  points  is  the  same  as  the  number 
of  paramaters  in  the  characterizing  function.  Algorithms  in  which  the  number  of  data 
points  exceed  the  number  of  paramaters  are  under  investigated  but  are  not  reported  at 
this  time.  These  latter  algorithms  are  less  sensitive  to  measurement  errors  in  the  data 
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and  may  also  be  useful  in  eliminating  some  of  the  local  variations  that  are  inherent  in 
collocation  approaches  when  the  functional  form  of  the  model  which  is  used  for  fitting 
differs  from  the  actual  system  from  which  the  data  was  gathered. 

Rational-Fraction  curve  fitting  algorithm  based  upon  Newton-Raphson: 

Two  types  of  rational  fraction  fitting  to  measured  data  deserve  consideration.  Since 
it  is  assumed  that  the  actual  system  is  linear,  it  has  a  transfer  function  of  the  form 


Tact  is)  =  - 

E*‘"‘ 


(2.2  -  18) 


A  rational  fraction  fit  in  the  s-variable  is  motivated  by  the  fact  that  if  the  approximating 
function  were  to  have  an  mt^-order  numerator  polynomial  and  an  nt^^-order  polynomial, 
and  if  there  were  no  measurement  or  fitting  errors,  then  for  the  appropriate  coefficients, 
the  approximating  function  would  be  identical  to  Tact{^)  for  all  frequencies. 

This  approach  is  complicated  by  three  primary  factors.  First,  m  and  n  are  often  un¬ 
known  or  are  sufficiently  large  to  make  determination  of  the  m  +  n  coefficients  impractical. 
Second,  measurements  are  generally  real  rather  than  complex  numbers.  Consequently,  we 
may  have  measurements  about  \TACT{j'^)\  at  the  sample  points  but  not  of  TAcrij^)- 
Although  we  could  take  the  magnitude  of  TactU'*’)  to  obtain  a  fit  to  the  resulting  magni¬ 
tude  function,  the  inverse  mapping  needed  to  obtain  Tact{s)  is  non-unique  and  possibly 
nonexistent.  Third,  the  set  of  equations  which  must  be  solved  to  obtain  the  a  and  h  co¬ 
efficients  in  the  approximating  function  is  nonlinear  and  the  solution  is  computationally 
intense. 

A  second  type  of  rational  fraction  fit  involves  fitting  a  rational  fraction  in  the  param¬ 
eter  ijj  to  the  sampled  data  points.  Generally,  there  is  no  inverse  mapping  to  a  rational 
fraction  in  the  s-domain  which  will  agree  in  the  magnitude  sense  with  the  approximat¬ 
ing  function  itself.  Thus,  this  approach  generally  guarantees  that  the  fit  to  the  actual 
function  will  not  be  perfect.  This  approach  is  motivated,  however,  by  the  fact  that  these 
approximations  may  be  easier  to  make  and  by  our  conjecture  that  due  to  the  fact  that  the 
inherent  shape  of  most  system  transfer  function  looks  more  like  that  of  a  rational  fraction 
in  the  u)  domain  rather  than  a  polynomial  in  the  u;  domain,  considerably  fewer  coefficients 
will  be  needed  to  obtain  a  good  rational  fraction  fit  than  will  be  needed  to  obtain  a  good 
polynomial  fit. 

Mathematically,  consider  a  system  which  can  be  modelled  by  a  rational  fraction  of 
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the  form 


r  ovw* 

H(„)  =  ^  =  kl_. 
;=0 


(2.2  -  19) 


where  some  subset  of  and  bj  may  a  prior  be  defined  to  be  zero  and  any  one  of  the 
non-zero  coefficients  may  be  arbitrarily  assigned  any  non-zero  value.  Thus  for  a  sys¬ 
tem  approximated  by  n  +  1  non-zero  and  n  unknown  coefficients  and  characterized  by 
n  independent  gain  measurements  (^(uk),  for  k  =  l,2,...n],  there  exist  n  independent 
non-linear  equations 

fr(wfc)  -  Il(ufk)  =0  for  k  =  1, 2,... n  (2.2  -  19a) 

A  closed  form  solution  of  this  nth-crder  non-linear  system  is  not  readily  obtainable.  A 
more  standard  ap^'roach  is  to  use  the  modified  Newton-Raphson  numerical  technique  to 
find  the  roots  of  this  set  of  equations. 


Our  system  of  non-linear  equations  can  be  expressed  as 


or  yet  simpler 


/jt(x)  =0fork  =  1,2,...  n, 


f(x)  =  0, 


(2.2  -  20) 


(2.2-21) 


where  /^(x)  =  H(uk)-H((*>k)  for  /:  =  1,2,. . .  n,  and  x  denotes  the  vector  containing  ut  1 
transfer  function  coefficients,  ai,  02, . . .  ,  and  61,  &2>  •  •  •  that  are  non-zero.  We  wish  to 

solve  this  system  of  equations  for  x,  the  vector  of  unknown  transfer  function  coefficients. 

The  modified  Newton-Raphson  technique  involves  approximating  this  non-linear  sys¬ 
tem  with  a  Ist-order  truncated  Taylor  series  expansion.  A  standard  LU  decomposition  of 
the  resultant  linear  system  is  then  used.  A  discussion  of  this  technique  follows: 

(1)  Make  an  estimate  of  x,  termed  A  good  choice  of  the  first  iteration  value  of  x 
would  be  the  design  or  expected  value  of  x. 

(2)  Compute  f(x^^l)  and  the  n  x  n  Jacobean  matrix  (^f(x(^l)),  defined  as 


(?)  Solve  the  linear  system,  ^f(x(^^)^x  =  — f(x(*)),  for  Sx,  which  represents  an  estimate 
in  the  error  in  x^^l. 

(4)  Make  a  new  estimate  of  x,  x^*),  from  the  expression 

jj(2)  _  jj(l)  ^ 
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(5)  Repeat,  steps  (2)  through  (4)  as  often  as  necessary  with  the  latest  estimates  of  the 
transfer  function  coefficients,  until  incremental  changes  in  the  coefficients  is  below  a 
certain  value  which  has  been  a  priori  agreed  upon  to  determine  convergence  and  thus 
deemed  converged. 

This  technique  has  not  been  fully  evaluated  at  this  time,  but  it  is  suspected  that  this 
algorithm  would  be  highly  sensitive  to  both  measurement  errors  in  w*  and  and 

the  specific  values  of  cjjb.  If  the  system  is  not  well  characterized  by  the  proposed  rational 
fraction  model,  then  differences  between  the  actual  and  approximating  function  may  differ 
significantly  away  from  the  sample  points  or  the  algorithm  may  actually  diverge. 

Polynomial  Approximation  via  Collocation: 

The  polynomial  approximation  technique  based  upon  collocation  at  the  sample  points 
is  a  common  and  obvious  approach  to  try.  The  technique  requires  forcing  an  -order 
polynomial  {H{uj))  to  pass  through  each  discrete  data  point,  (w,-,  ^(w,)),  for  t  =  1, 2, ...  n. 
This  constraint  implies  that  there  exists  one  and  only  one  polynomial,  that  meets 

these  requirements.  There  are  three  common  methods  for  computing  this  polynomial: 
Lagrange,  Newton  divided-differences,  and  the  Aitken  linear  interpolation  method.  Each 
of  these  methods  gives  the  same  results  though  presented  in  a  different  form.  The  primary 
difference  between  these  techniques  is  the  computation  d  time  required  and  the  associated 
round-off  error.  This  aspect  of  the  algorithm  will  not  be  discussed. 

The  resulting  interpolating  polynomial  independent  of  the  computational  algorithm 
is  shown  below  in  eq.  (2.2-22). 


t=0  ;=0 


(Jj  —  Wj 

u;,-  -  W; 


(2.2  -  22) 


This  polynomial  interpolation  algorithm  was  applied  to  the  bandpass  filter  interpre¬ 
tation  problem,  in  zm  attempt  to  estimate  the  location  of  the  passband  edges  [usdBi  ^d 

Simulation  was  performed  on  four  different  ideal  2nd-order  bandpass  filters  with  Qs  of 
1,875,  2.5,  3.75  and  7.5.  In  all  cases,  a  9‘^-order  polynomial  (n  =  10)  was  passed  through 
10  sample  points  distributed  rather  uniformly  about  the  resonant  frequency.  The  results 
are  depicted  in  Fig.  2.2-5. 

The  results  show  that  this  approach  requires  little  computation  and  yields  fairly  good 
results  for  filters  with  low  Q’s.  Definite  difficulties  were  present  outside  the  passband, 
where  the  polynomial  could  not  handle  the  change  in  concavity  without  swinging  dramat¬ 
ically  below  and  above  the  theoretical  curve,  in  sort  of  a  ringing  effect.  This  is  a  limitation 
of  this  approximating  function.  Also,  at  higher  Q’s  the  polynomial  function  had  difficul¬ 
ties  tracking  the  sharp  transition  region  near  the  peak  (well  within  the  passband).  The 
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(c)  Q  =  3.75 


(d)  Q  =  7.5 


Fig.  2.2  5.  Polynomial  interpolation  of  2nd-order  bandpass  transfer  functions  with 
variety  of  Q’s. 


problem  stems  from  high  Q  filters  (poles  are  near  the  yu;-axis),  exhibiting  a  sharp  peak. 
This  is  non-characteristic  of  polynomials  and  hence  non-characteristic  of  the  polynomial 
approximating  function. 

The  problem  could  be  addressed  by  collecting  more  points  in  the  passband,  but  it 
is  suspected  that  other  approximating  functions  and  possibly  other  algorithms  would  be 
better  suited  for  this  type  of  curve  fitting  problem  which  is  characterized  by  fast  transitions 
in  the  passband  and  slow  changing  concavity  in  the  stop-band. 

The  polynomial  fit  does,  however,  appear  to  fit  the  data  very  well  locally  even  though 
the  fit  over  a  wide  domain  is  not  too  good.  This  motivates  investigating  the  use  of  Spline 
functions  in  which  the  approximations  are  piecewise  polynomial. 

Spline  interpolation  approximation: 

A  spline  fit  of  the  second-order  bandpass  function  based  upon  using  5  segments 
(4  knots)  and  S^'^-order  polynomials  is  shown  in  Fig.  2.2-6.  Only  6  sample  points  were 
used  in  this  simulation.  The  spline  functions  avoid  the  need  for  high-order  interpolat¬ 
ing  polynomials  and  minimize  the  ringing  or  oscillating  effects  associated  with  high-order 
polynomial  approximations.  In  this  section,  we  will  mathematically  describe  the  spline 
function,  and  present  four  spline  based  solutions  to  the  interpolation  problem. 


Mathematical  concept  of  spline  function. 


The  spline  function  is  an  extension  of  the  piece-wise  linear  function  in  that  it  pieces 
together  low-order  polynomial  functions  over  a  series  of  contiguous  sub-intervals.  The 
basic  nature  of  the  spline  function  is  to  guarantee  both  continuity  and  smoothness  at  each 
of  the  sub-interval  intersections,  termed  “knots”. 


Mathematically:  given  n  data  points,  (w,-,  ^(wj))  for  i  =  1, 2, ...  n,  there  exists  (n  - 1) 
intervals  that  we  desire  (n-  1)  m^^i-order  interpolating  polynomial  functions  {py”’^(u;)  for 
u>  6  (a;j,u;j+i]  and  j  =  1,2, ...  n  -  1)  to  provide  the  “best  fit”  possible.  Thus  the  resulting 
interpolation  function  (H(u))  would  be  defined  as  follows: 


f  for  w  €  [u;i,W2j; 

(w)  for  u;  €  [u;2 ,  ws] ; 


pI- 1  for  u;  6  [wn- 1 ,  Wn  ]  • 


where  has  the  functional  form 


j=o 


(2.2  -  23) 


(2.2  -  24) 
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a. a  .5  1.0  i.s 


Fig.  2.2-6.  Spline  approximation  for  2nd-order  bandpass  filter,  (same  as  Fig.  2.2-5d)), 

with  6  measurements  between  0.6  and  0.9. 
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The  term  "best  fit”  mentioned  above,  refers  to  a  "smooth”  continuous  curve.  Various 
levels  of  smoothness  at  the  knots  can  be  required.  For  example,  the  definition  of  a  cubic 
spline  [19]  which  requires  agreement  in  function,  first  derivative  and  second  derivative  is 
given  below. 

(1)  The  function,  H{u)  must  be  continuous  at  each  of  the  knots: 

=  (>i+i(“‘+>)  for  •  =  1,3,  •  •  •  n  -  1- 

(2)  The  slope  of  the  function,  must  be  continuous  at  each  knot: 

for  i  =  1,2, . . .  n  -  1. 

(3)  The  curvature  of  the  function,  must  be  continuous  at  each  knot: 

for  •  =  1, 2, . . .  n  -  1. 

(4)  The  curvature  of  H{u)  must  also  be  minimized  by  minimizing  the  order  m 
of  the  interpolating  polynomial  segments.  This  should  prevent  ringing  or 
oscillating,  as  the  regular  polynomial  fit  exhibited. 

Thus,  the  order  of  the  interpolating  polynomials  must  be  of  degree  3  (i.e.,  m  =  3). 
The  functions  are  commonly  leferred  to  as  a  cubic  spline.  This  results  in  functions. 

Now  can  be  approximated  via  the  Lagrange  interpolation  formula  [19],  along  with 

the  associated  integrals  of  (i.e.,  H*{u)  and  H{u})).  Now  if  we  impose  the  constraint 

that  the  first  derivative  must  be  continuous  at  each  of  the  knots,  we  get  a  system  of  (n  -  1) 
linear  equations  as  a  function  of  the  second  derivative,  W'{ui)  at  each  of  the  (n  - 1)  knots 
and  the  2  end-points.  This  results  in  a  system  of  (n  - 1)  equations  and  (n  + 1)  unknowns. 
The  system  becomes  deterministic,  if  we  assume  that  H"{ui)  =  0  and  H"{ujn)  =0  — 
commonly  referred  to  as  a  natural  spline.  Now,  the  system  can  be  expressed  as  a  (n  +  1) 
order  tridiagonal  linear  system  and  can  be  solved  via  a  forward/backward  substitution 
algorithm. 

Now  each  of  the  second  derivatives  at  each  of  the  data  points  are  known  and  the 
problem  can  be  localized  to  solving  4  equations  as  shown  below  for  4  unknowns  (a;; ,  for 
;  =  0, . . .  3)  on  each  of  the  (n  -  1)  intervals,  i,  such  that 


H{ui)  =  =  aoi  +  ai-ui  +  02,.w?  + 

=  oo,-  +  03,. w,- 

H{ui)  =  =  2o2,  +  603^0;, • 

=  2o2.-  +6o3,.w,+i 


(2.2  -  25) 


This  briefly  describes  the  basic  steps  involved  in  interpolating  a  cubic  spline  through 
n  data  points.  For  more  information,  see  pp.  130-4  of  [17]. 


Four  knot  distribution  methods. 

The  following  is  a  discussion  of  four  different  spline  approximation  methods,  each  using 
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a  different  selection  criterion  for  selecting  the  frequencies  (w’s)  that  the  experimental  data 
points  are  taken.  All  use  the  cubic  spline. 

(1)  Equally  spaced  knot  method  —  this  method  has  equally  spaced  knots  on  the  linear 

normalized  frequency  axis  and  is  the  obvious  approach  when  no  a  priori  information 
is  known  aboui:  the  actual  transfer  function.  The  corresponding  steps  required  to 
obtain  the  estimates  of  the  filter’s  observable  parameters  wd 

be  stated  as  follows: 

i.  collect  equally  spaced  measurements  of  as  a  function  of  u; 

ii.  interpolate  a  spline  function  through  this  data;  and 

iii.  estimate  the  filter  parameters. 

(2)  One  additional  knot  method  —  As  the  example  of  Section  2.2.1.2a,  obtaining  a  good 

estimate  of  is  dependent  upon  accurately  estimating  Hmax-  This  sug¬ 

gests  the  collection  of  one  additional  data  point  at  the  estimated  location  of  the  peak 
as  estimated  in  item  (l),  above.  Thus  the  resulting  algorithm  is  as  follows: 

i.  execute  the  equally  spaced  procedure  of  item  (1)  above  and  obtain  an  estimate 
of  Wo; 

ii.  collect  one  additional  data  point  near  Wo; 

iii.  interpolate  a  new  spline  function  through  this  data;  and 

iv.  re-estimate  the  filter  parameters. 

(3)  Three  additional  knot  method  —  Similar  to  the  one  additional  knot  method,  this 
technique  adds  three  knots  at  the  estimated  location  of  Wo,  u^dBi  and  uj:idB2'  This 
technique  is  described  as  follows: 

i.  execute  the  equally  spaced  procedure  described  above; 

ii.  collect  three  additional  data  point  near  w„,  u/zdBi  and  W3<fBa ; 

iii.  interpolate  a  new  spline  function  through  this  data;  and 

iv.  re-estimate  the  filter  parameters. 

(4)  seven  additional  knot  method  —  Similar  to  the  two  previous  techniques,  after  obtain¬ 
ing  estimates  of  where  the  passband  is  located,  we  add  three  knots  at  w^,  uzdBi  and 
^zdB,,  two  equally  spaced  knots  between  utzdBi  and  Wo,  and  two  equally  spaced  knots 
between  w,,,  and  uzdBi^  Now,  re-compute  the  spline  function  and  estimate  the  filter 
parameters,  that  is 

i.  execute  the  equally  spaced  procedure  described  above; 

ii.  collect  seven  additional  data  point  as  mentioned  above; 

iii.  interpolate  a  new  spline  function  through  this  data;  and 

iv.  re-estimate  the  filter  parameters. 


Simulation  results. 


An  initial  set  of  simulations  were  performed  on  the  four  algorithms  described  above 
using  the  model  of  (2.2-13)  for  the  actual  system.  In  this  simulation,  3dB  cutoff  frequency 
and  Q'  estimates  were  made  from  the  spline  functions  which  were  fitted  to  the  data  points 
and  compared  with  the  actual  3dB  cutoff  frequencies  and  Q'  values.  Here  Q'  is  defined  to 
be 

Q,  _ 

<*iZdBi  -  WsrfBi 

where  and  wadBj  are  the  ~ZdB  cutoff  frequencies.  Note  that  if  the  system  were 

bandpass  and  exactly  of  second  order,  then  Q'  is  actually  equal  to  the  pole  Q.  For  small 
parasitics,  Q'  is  close  to  the  pole  Q  of  the  dominant  pole  pair.  Actually,  bandwidth  is  of 
more  interest  in  most  applications  than  the  pole  Q  of  the  dominant  pole  pair.  Q'  is  simply 
the  reciprocal  of  the  normalized  bandwidth  where  the  normalization  factor  is  the  center  of 
the  passband  defined  as  the  geometric  mean  of  the  two  3dB  cutoff  frequencies.  Note  again 
that  in  the  ideal  second-order  bandpass  case,  the  pole  Q  is  also  given  by  the  expression 

Q  _  _  y/^ZdBi<^ZdBi 

BW  UzdBi  ~  ^SdB^ 

thus  justifying  our  definition  of  Q'. 

In  these  simulations,  the  parasitic  affects  were  included  by  using  typical  values  for 
the  o  and  b  coefficients  in  (2.2-13).  Specifically,  two  cases  were  considered.  The  actual 
a  and  b  coefficients  used  in  these  two  cases  are  summarized  in  Table  2.2-3.  These  are  of 
the  same  functional  form  as  (2.2-16)  aind  (2.2-17).  Additional  simulations  using  the  exact 
forms  given  in  (2.2-16)  and  (2.2-17)  with  accurate  estimates  for  all  parameters  in  these 
equations  will  be  made  in  the  future  although  it  is  anticipated  that  the  results  will  differ 
little  from  those  corresponding  to  the  two  cases  listed  in  Table  2.2-3. 

The  results  are  summarized  in  Table  2.2-4  -  Table  2.2-7.  In  these  simulations,  Q' 
and  the  center  frequency  were  varied  throughout  the  adjustment  domain.  The  results  were 
then  sorted  by  Q'  into  four  classes  defined  by 

Class  1:  0  <  Q  <  8 
Class  2’.  8  K.  ^  ^  15 
Class  3:  15  <  (?  <  25 
Class  4:  25  <  Q  <  50 

The  number  of  samples  in  each  class  along  with  the  percentage  of  the  samples  which 
accurately  predicted  ws^Bi  and  utzdB^  as  well  as  Q'  from  the  spline  function  to  .1%,  .2%, 
.5%,  1%,  2%,  5%  10%  and  20%  are  listed  in  these  tables.  The  number  of  sample  points 
(knots)  was  varied  from  n  =  20,  to  n  =  50  to  n  =  100  and  to  n  =  300  in  these  simulations. 
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Table  2.2-2  Comparison  of  4  Spline-fit  Algorithms 


CASE  1 

CASE  2 

Q 

UsdB 

Q 

1  <  g  <  8 

13 

5 

9 

3 

0  Added  8  <  (J  <  15 

13 

3 

10 

2 

Knots  15  <  <3  <  25 

14 

3 

11 

2 

25  <  <3  <  50 

11 

1 

12 

1 

1  <  (3  <8 

Hi 

■■ 

4 

1  Added  8  <  Q  <  15 

■a 

3 

Knot  15  <  Q  <  25 

15 

Wm 

2 

25  <  Q  <  50 

15 

2 

2 

1  <  (3  <  8 

■9 

8 

MM 

7 

3  Added  8  <  Q  <  15 

mm 

7 

■9 

4 

Knots  15  <  Q  <  25 

16 

5 

14 

3 

25  <  Q  <  50 

15 

2 

13 

2 

1  <  (3  <  8 

22 

11 

20 

10 

7  Added  8  <  Q  <  15 

21 

9 

21 

H 

Knots  15  <  <3  <  25 

23 

8 

20 

B 

25  <  Q  <  50 

23 

5 

20 

B 

A  few  conunents  about  these  results  follows.  First,  for  equally  spaced  knots,  all 
values  were  predicted  to  1%  or  better  for  all  Q'-rivnges  with  300  points  using  the  simple 
equally  spaced  knot  algorithm  summarized  in  Table  2.2-4a  and  2.2~4b.  As  the  number  of 
sample  points  decreased,  the  accuracy  of  predicting  the  3dB  frequencies  and  the  Q*  values 
also  deteriorated  and  became  worse  at  higher  Q  values.  It  can  be  seen  that  by  adding  a 
few  additional  knots  in  the  identified  passband,  significant  improvements  in  accuracy  of 
estimating  both  usdB  ^  Q*  values  are  obtainable.  Additional  comments  about  the 

performance  of  the  spline-based  algorithms  appear  in  the  following  section. 

Comparison  of  Algorithms  and  Interpretation  of  Results: 

The  architectural  similarities  and  differences  of  various  approaches  for  obtaining  Uo, 
^3dBi  i^d  (*f3dBa  have  been  pointed  out  along  with  the  basic  description  of  these  ap¬ 
proaches.  In  this  section,  we  are  going  to  discuss  their  results  as  related  to  the  number 
and  location  of  the  knots. 

The  polynomial  approximation  algorithm  required  the  least  amount  of  computation 
and  provided  good  results  for  low  Q  filters.  However,  it  was  not  reliable  at  higher  Q’s 
(Q’s  >  3)  or  when  the  frequency  band  of  interest  is  large  and  exhibited  ringing  outside  the 
passb2md. 

The  equally  spaced  spline  approximation  algorithm  works  well,  but  it  general  requires 
more  knots  to  obtain  the  accuracy  than  is  required  for  the  other  three  spline  approximation 
methods.  For  example,  for  0  <  Q'  <  8,  and  for  the  CASE  1  parasitic  model,  100  knots 
provided  1%  accuracy  with  the  equally  spaced  knot  algorithm  and  .5%  accuracy  with  the 
other  three  algorithms.  Correspondingly,  with  each  addition  of  more  knots  in  the  four 
algorithms  presented,  a  general  trend  to  improved  accuracy  was  observed.  In  an  attempt 
to  quantitatively  compare  these  four  algorithms,  define  as  a  "Figure  of  Merit”  for  each 
algorithm  the  total  number  of  entries  in  each  table  which  are  at  the  ideal  value  of  100%  for 
3d6  frequencies  and  for  Q  values.  Table  2.2-2  compares  these  algorithms  based  upon  this 
figure  of  merit.  It  can  be  seen  from  this  table  that  the  improvements  with  additional  knots 
are  significant  and  that  these  improvements  are  more  pronounced  in  higher  Q'  applications. 

At  this  point,  it  deserves  mention  that  the  whereas  all  additional  knots  require  re¬ 
calculation  of  the  spline  function,  the  number  of  total  additional  sample  points  is  very 
small  on  a  percentage  basis.  For  example,  with  n  =  300,  the  7  additional  knot  algorithm 
requires  a  total  of  307  samples  with  a  net  increase  of  just  over  2%.  Since  the  sampling 
time  will  likely  dominate  the  calculation  time  for  tuning  algorithms  based  upon  the  spline 
function  fits,  the  penalty  for  using  the  added  knots  is  relatively  insignificant.  With  this  in 
mind,  comments  about  the  performance  of  the  spline  fit  algorithm  will  be  based  upon  the 
seven  additional  knot  scheme.  These  results  were  presented  in  Table  2.2-7a  and  2.2-7b. 

First,  it  can  be  concluded  that  u/sds  frequencies  can  be  measured  to  1%  for  all  Q' 
values  included  provided  a  sufficient  number  of  sample  points  are  used.  The  numbers  of 
sample  points  required  to  obtain  approximately  1%  accuracy  with  the  seven  additional 
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Table  3.2-3  Values  of  Parasitic  Paramaters  Used  in  Simulation 


CASE  1  CASE  2 


Oo 

<*1 

<*2 

0 

0 

oto4/20 

1  0 

1 

0 

004/ 10 

b 

0 

oqs / 1500 

otos/bOO 

6 

i 

.016  +  otos/30,000 

.05  +  cito5 /5000 

b 

2 

1/600 +  ao8/20 

1/100  +  aos/10 

b 

3 

l/io 

1/5 

b 

4 

1/160,000 

1/10,000 

Table  2.2-4a:  Equally  spaced  knot  algorithm,  u/p  =  10,  Rogm  =  100 


100 

95 

64 

16 

100 

100 

69 

28 

100 

100 

83 

42 

100 

100 

97 

89 

100 

100 

100 

75 

100 

100 

100 

94 

1S4 

134 

134 

134 

10 

18 

9 

0 

27 

35 

17 

0 

54 

57 

34 

1 

81 

78 

87 

4 

99 

89 

60 

7 

100 

97 

66 

21 

100 

100 

73 

81 

100 

100 

87 

54 

8<Q<I$ 


n 

300 

100 

80 

30 

Total  Number 

134 

134 

134 

134 

Percent(O.l^) 

Percent(0.39() 

Percent(0.5%j 

100 

87 

37 

0 

Percent  (  1%) 

100 

97 

80 

3 

Percent(  396) 

100 

100 

74 

11 

Percent(  596) 

100 

100 

99 

50 

Percent(  1096) 

100 

100 

100 

72 

Percent  (  2096) 

100 

100 

100 

100 

SI  30  8 
eo  49  13 


15<Q<25 


300  100  50  30 


Total  Number  98  98  98  98  98  98  98  98 


Percent(0.l96) 

68 

33 

1 

0 

3 

3 

0 

0 

Percent(0.396) 

99 

47 

3 

0 

5 

3 

0 

0 

Percent(0.596) 

100 

79 

10 

0 

19 

5 

1 

0 

Percent(  196) 

100 

94 

38 

0 

40 

12 

1 

0 

Percent(  396) 

100 

100 

68 

0 

74 

30 

1 

0 

Percent(  596) 

100 

100 

100 

33 

100 

45 

3 

0 

Percent(  1096) 

100 

100 

100 

83 

100 

68 

11 

0 

Percent  (  3096) 

100 

100 

100 

100 

100 

87 

34 

0 

36<:Q<50 


^3dbi  > 


300 

100 

50 

30 

300 

100 

50 

20 

66 

66 

66 

66 

66 

66 

66 

66 

Perceiit(0.l7() 

Pcrcent(0.396)  97  8  0  0 

Percent(0.59S  100  SO  0  0 

Percaat(  1%)  100  71  3  0  12  0 

Percent(  2%)  100  98  35  0  36  0 

Percent(  6%)  100  100  98  0  77  3 

Percent(  109S)  100  100  100  0  95  13 

Percent(  3096)  100  100  100  0  100  33 
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Table  3.2-4b:  Equally  spaced  knot  algorithm,  u/p  =  20,  Rogm  =  300. 


SOO  100  so  30  1300  100  50  30 


Total  Nnmbar  tS  tS  St  S8  SS  S8  S8  S8 


100 

99 

SS 

6 

100 

97 

93 

10 

100 

100 

95 

30 

100 

100 

99 

so 

100 

100 

100 

61 

S3 

45 

39 

5 

SI 

75 

61 

6 

99 

93 

68 

10 

100 

98 

75 

30 

100 

99 

86 

SO 

100 

99 

94 

51 

8<Q<16 


Total  Number 


Percent(0.l?|)  34 
Percent(0.396)  91  46  18  0 


Q 

300 

100 

50 

20 

83 

82 

83 

82 

4 

4 

0 

0 

4 

5 

1 

0 

17 

12 

1 

0 

38 

24 

5 

0 

83 

44 

12 

0 

99 

54 

21 

0 

100 

74 

29 

0 

100 

85 

46 

0 

15<Q<2S 


300 

100 

50 

20 

88 

88 

88 

88 

61 

30 

1 

0 

95 

35 

1 

0 

100 

61 

10 

0 

100 

81 

38 

0 

100 

95 

53 

1 

100 

100 

93 

30 

100 

100 

100 

69 

100 

100 

100 

93 

35<Q<50 


300  100  50  30 


Total  Number 


Percent(0.1%]  66  4  0  0 

Percent(6.3^)  94  13  0  0 

Percant(0.596)  100  34  0  0 

Percent(  1%)  100  68  4  0 

Percent(  2%)  100  99  37  0 

Percent(  $%)  100  100  94  33 

Percent(  10%)  100  100  100  76 

Perceiit(  30%)  100  100  100  100 
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Table  2.3-5a:  One  additional  knot  algorithm,  u/p  -  10,  RoQm  =  100. 


134 

134 

134 

134 

134 

134 

134 

134 

Porcent(0.1?() 

57 

53 

44 

2 

11 

13 

12 

1 

Percent(0.29S) 

81 

81 

60 

10 

25 

25 

23 

1 

Porceat(0.85() 

100 

100 

71 

24 

53 

54 

47 

3 

Percent(  1%) 

100 

100 

78 

37 

81 

83 

61 

9 

Porcent(  2%) 

100 

100 

88 

49 

99 

98 

67 

18 

Perce&t(  89t) 

100 

100 

100 

61 

100 

100 

77 

38 

Porcent(  lOX) 

100 

100 

100 

78 

100 

100 

86 

56 

Percent(  20%) 

100 

100 

100 

96 

100 

100 

99 

57 

«<Q<15 


P«rcent(0.1?t) 

Percent(0.3%) 


^Zdb\  i 

300 

100 

50 

20 

134 

134 

134 

134 

mmmmKi 

100 

96 

52 

0 

100 

100 

65 

4 

100 

100 

77 

13 

100 

100 

100 

54 

100 

100 

100 

74 

100 

100 

100 

100 

10  11  8 

31  30  13 

60  52  20 


15<Q<25 


Total  Number 


PerceDt(0.1%) 
Percent(0.2%) 
Percent(0.5%) 
Percent(  19S) 
PerceQt(  2%) 
Percent(  S%) 
Percent(  10%) 
Percent (  20%) 


68  41 

100  67  2 

100  84  13 

100  97  38 

100  100  71 


300  100  50  20 : 


8  9 


1  4 

7  6  0  0 

19  11  0  0 

40  28  1  0 

72  41  1  0 


100  100  100  35  100  65  4  0 

100  100  100  87  100  87  17  0 

100  100  100  100  100  100  41  0 


25<Q<50 


Total  Number 


300  100  50  20  300  100  50  20 


66  66  66  66  66  66  66  66 


Percent(0.1%) 

68 

3 

0 

0 

2 

0 

0 

0 

Percent(0.2%) 

100 

12 

0 

0 

3 

0 

0 

0 

Percent(0.5%) 

100 

38 

0 

0 

» 

0 

0 

0 

Percent?  1%) 

100 

80 

6 

0 

20 

0 

0 

0 

Percent?  2%) 

100 

100 

39 

0 

36 

0 

0 

0 

Percent?  5%) 

100 

100 

100 

9 

97 

5 

0 

0 

Percent(  10%) 

100 

100 

100 

82 

100 

27 

0 

0 

Percent?  20%) 

100 

100 

100 

100 

100 

53 

0 

0 
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Table  3.2-6b:  One  additional  knot  algorithm,  u/^  =  20,  R^gm  =  300, 


0<Q<8 

_ _ 9 _ i 

Q 

300 

100 

50 

30 

300 

100 

50 

30 

Total  Number 

88 

88 

88 

88 

88 

88 

88 

88 

Percent(0.l9(] 

49 

48 

38 

6 

11 

10 

10 

1 

Percant(0.3%] 

81 

77 

61 

19 

17 

15 

16 

5 

Percent(0.S9() 

99 

98 

85 

35 

53 

48 

48 

8 

Percent(  1$() 

100 

99 

91 

49 

80 

78 

67 

33 

Percent(  i%) 

100 

too 

94 

56 

99 

98 

75 

38 

Perceiit(  S9S} 

100 

100 

99 

73 

100 

99 

93 

49 

Percent(  109S) 

100 

100 

100 

91 

100 

99 

93 

59 

Percent(  30%) 

100 

100 

100 

98 

100 

100 

95 

67 

to 

V 

or 

V 

go 

(jJSdb, 

_ 9 _ 1 

n 

300 

100 

SO 

30 

300 

100 

so 

20 

Total  Number 

82 

82 

83 

82 

82 

82 

82 

82 

Percent(0.1%) 

33 

36 

16 

0 

5 

1 

1 

0 

Pereent(0.3%) 

90 

84 

26 

0 

7 

4 

1 

0 

Percent(0.S%) 

100 

74 

37 

0 

30 

16 

9 

0 

Percent(  1%) 

100 

88 

43 

0 

28 

24 

16 

0 

Percent(  3%) 

100 

98 

57 

4 

84 

S3 

23 

0 

Percent(  5%) 

100 

100 

83 

37 

100 

66 

34 

0 

Percent(  10%) 

100 

100 

100 

63 

100 

83 

37 

0 

Percent(  20%) 

100 

100 

100 

91 

100 

99 

S6 

1 

15<Q<25  j 

1 

wadb. 

Q  i 

a 

3)0 

100 

so 

30 

300 

ICO 

50 

20 

Total  Number 

88 

88 

88 

88 

88 

88 

88 

88 

Perceat(0.1%) 

63 

33 

1 

0 

3 

1 

1 

0 

Percent(0.2%) 

95 

51 

2 

0 

8 

3 

1 

0 

Percent(0.S%) 

100 

67 

13 

0 

14 

10 

1 

C 

Percent(  1%) 

100 

86 

34 

0 

31 

17 

1 

0 

Percent(  2%) 

100 

99 

59 

1 

56 

32 

1 

0 

Percent(  S%) 

100 

100 

95 

35 

98 

53 

3 

0 

Percent(  10%) 

100 

100 

100 

73 

100 

68 

13 

0 

Percent(  20%) 

100 

100 

100 

100 

100 

85 

39 

0 

35<Q<50 

W3d5, » 

_ 9 _ 

n 

300 

100 

50 

20 

300 

100 

50 

20 

Total  umber 

97 

97 

97 

97 

97 

97 

97 

97 

Percent(0.1%) 

76 

9 

0 

0 

1 

1 

0 

0 

Percent(0.3%) 

96 

30 

0 

0 

3 

1 

0 

0 

Percent(0.5%) 

100 

44 

0 

0 

8 

4 

0 

0 

Percent  (  1%) 

100 

71 

5 

0 

13 

6 

0 

0 

Percent(  2%) 

100 

100 

46 

0 

38 

7 

0 

0 

Percent(  5%) 

100 

100 

96 

33 

88 

10 

0 

0 

Percent(  10%) 

100 

100 

100 

76 

100 

36 

0 

0 

Percent(  20%) 

100 

100 

100 

100 

100 

47 

1 

0 
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Table  a.3-6a:  Three  additional  knot  algorithma,  Up  =  10,  RoQm  =  100. 


0<Q<8 


Total  Number  134  134 


Perc«nt(0.1%) 
Percent(0.2%)  81  81 

Percent(0.5%)  100  100 

Percent(  1?«)  100  100 

Perceatj  3%)  100  100 

P«rcent(  5%)  100  100 

Percent(  10%)  100  100 

Percent(  30%)  100  100 


49  34 


Q 

300 

100 

50 

30 

134 

134 

134 

134 

10 

10 

11 

10 

33 

34 

33 

19 

83 

53 

80 

37 

81 

81 

78 

53 

99 

99 

88 

57 

100 

100 

99 

57 

100 

100 

100 

«3 

100 

100 

100 

75 

8<Q<15 


n 

20 

300 

100 

50 

20 

Total  Number 

134 

134 

134 

134 

134 

134 

134 

134 

P«rcent(0.1%) 

92 

66 

SO 

1 

5 

4 

6 

0 

Percent(0.2%) 

93 

94 

67 

5 

10 

9 

10 

0 

Percent(0.S%) 

100 

100 

79 

12 

31 

39 

34 

0 

Percent(  1%) 

100 

100 

88 

28 

61 

61 

43 

0 

Percent  (  2%) 

100 

100 

100 

52 

92 

93 

63 

5 

Percent(  5%) 

100 

100 

100 

66 

100 

100 

76 

10 

Percent(  10%) 

100 

100 

IOC 

V'8 

100 

100 

87 

32 

Percent(  20%) 

100 

100 

ICO 

95 

ICO 

100 

100 

48 

15<Q<25 


sr.-i 

100 

50 

20 

300 

100 

98 

98 

98 

98 

98 

98 

68 

68 

14 

0 

1 

3 

100 

93 

27 

0 

7 

3 

100 

100 

61 

0 

19 

18 

100 

100 

S3 

3 

40 

35 

100 

100 

99 

9 

73 

72 

100 

100 

99 

36 

100 

98 

100 

100 

100 

74 

100 

100 

100 

100 

100 

100 

100 

100 

25<Q<50 


Total  Number 

66 

66 

66 

66 

Percent(0.1%) 

67 

24 

0 

0 

Percent(0.2%) 

100 

48 

3 

0 

Percent(0.5%) 

100 

93 

30 

0 

Percent(  1%) 

lOO 

100 

47 

0 

Percent(  2%) 

100 

100 

74 

0 

Percent(  5%) 

100 

100 

91 

23 

Percent(  10%) 

100 

100 

100 

61 

Percent(  20%) 

100 

100 

100 

100 

300  100  50  20 


6 


3  0  0 

3  0  0  0 

8  3  0  0 

15  9  0  0 

39  31  0  0 
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Table  3.2-Ob:  Three  additional 


^3dh\ » 

a 

300 

100 

Total  Number 

88 

88 

Percent(0.1'%) 

40 

SO 

Percent(0.39S) 

81 

82 

Pereent(0.59() 

00 

00 

Percent(  1%) 

100 

100 

Percant(  3%) 

100 

100 

Percent(  55t) 

100 

100 

Percent(  109() 

100 

100 

Percent(  20%) 

100 

100 

j 

Q 

300 

100 

Total  Number 

82 

82 

Percent  (0.1%) 

33 

32 

Percent(0.2%) 

90 

84 

Percent(0.5%) 

100 

94 

Percent(  1%) 

100 

100 

Percent(  2%) 

100 

100 

Percent(  5%) 

100 

100 

Percent(  10%) 

100 

100 

Percent(  20%) 

100 

100 

'■^Zdbi  > 

a 

300 

100 

Total  Number 

88 

88 

Percent(0.1%) 

63 

56 

Percent(0.2%) 

9S 

T5 

Percent(0.5%) 

100 

95 

Percent(  1%) 

100 

100 

Percent(  2%) 

100 

100 

Percent  (  5%) 

100 

100 

Percent(  10%) 

100 

100 

Percent(  20%) 

100 

100 

_ 

Wsdfc,  > 

a 

300 

100 

Total  Number 

97 

97 

Percent(0.1%) 

76 

9 

Percent(0.2%) 

95 

20 

Percent(0.5%) 

100 

44 

Percent(  1%) 

100 

71 

Percent(  3%) 

100 

100 

Percent(  6%) 

100 

100 

rercent(  10%) 

100 

100 

Percent  (  20%) 

100 

100 

algorithms,  =  20,  =  300 


0<Jq<J8 


Q 

so 

30 

300 

100 

50 

30 

88 

88 

88 

88 

88 

88 

38 

6 

11 

13 

10 

1 

61 

19 

17 

18 

16 

5 

85 

35 

53 

52 

48 

8 

91 

49 

80 

81 

67 

33 

94 

55 

99 

100 

75 

38 

99 

73 

100 

100 

92 

49 

100 

91 

100 

100 

93 

59 

100 

98 

100 

100 

95 

67 

8<Q<15 

<^3dbo 

Q 

SO 

20 

300 

100 

50 

20 

82 

82 

82 

82 

82 

82 

16 

0 

5 

2 

1 

0 

36 

0 

7 

2 

1 

0 

37 

0 

20 

17 

9 

0 

43 

0 

28 

26 

16 

0 

57 

4 

84 

72 

23 

0 

82 

37 

100 

94 

34 

0 

100 

62 

100 

99 

37 

0 

100 

91 

100 

100 

56 

1 

15<Q<25  1 

^3db-3 

Q 

50 

20 

300 

100 

50 

20 

88 

88 

88 

88 

88 

88 

1 

0 

3 

3 

1 

0 

2 

0 

8 

6 

1 

0 

13 

0 

14 

17 

1 

0 

34 

0 

31 

38 

1 

0 

59 

1 

56 

53 

1 

0 

95 

35 

98 

81 

3 

0 

100 

73 

100 

92 

13 

0 

100 

100 

100 

100 

39 

0 

25<Q<50 


W3d5, 

Q 

50 

30 

300 

100 

50 

20 

97 

97 

EM 

la 

0 

0 

1 

1 

0 

0 

0 

0 

3 

1 

0 

0 

0 

0 

8 

4 

0 

0 

5 

0 

13 

5 

0 

0 

46 

0 

38 

7 

0 

0 

95 

23 

88 

10 

0 

0 

100 

76 

100 

25 

0 

0 

100 

100 

100 

46 

1 

0 
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Table  3.2— 7a:  Seven  additional  knot  algorithms,  oj. 


I 


UJ3db 

Q 

a 

300 

100 

so 

20 

300 

100 

SO 

30 

Total  Number 

134 

134 

134 

134 

134 

134 

134 

134 

Percent(0.l95) 

57 

57 

57 

48 

10 

12 

10 

10 

Percent(0.395) 

81 

81 

80 

73 

34 

33 

35 

24 

PerceDt(O.S95) 

100 

100 

100 

93 

S3 

S3 

53 

54 

Percent(  195) 

100 

100 

100 

98 

81 

81 

81 

72 

Percent(  395] 

100 

100 

100 

100 

99 

99 

100 

86 

Percent(  595) 

100 

100 

100 

100 

100 

100 

100 

94 

Percent(  1095) 

100 

100 

100 

100 

100 

100 

100 

97 

Percent  (  2095) 

100 

100 

100 

100 

100 

100 

100 

100 

TotM  Number 


P 


8<Q<15 


WSdfc,  1  <*>3db 


300  100 


300  100 


134 

134 

134 

134 

69 

69 

68 

49 

93 

93 

93 

81 

100 

100 

100 

93 

100 

100 

100 

94 

134 

134 

134 

134  1 

5 

5 

5 

5 

10 

10 

10 

10 

31 

31 

30 

28 

61 

60 

58 

43 

92 

92 

93 

64 

100 

100 

100 

88 

100 

100 

100 

92 

100 

100 

100 

95 

15<Q<25 


Total  Number 


Percent(0.1%) 


8  98 


100 

100 

97 

57 

100 

100 

100 

86 

100 

100 

100 

96 

100 

100 

100 

99 

100 

100 

100 

100 

100 

100 

100 

100 

100 

100 

100 

100 

14  1 

34  5 


25<Q<50 


Total  Number 


Percent(0.1%) 
Percent(0.2%) 
Percent(0.59() 
Percent(  1%) 
Percent(  395) 
Percent(  595) 
Percent(  1095) 
Percent(  2095) 


(J3db 

3 

300 

100 

SO 

20 

66  66  66  66 

I  65 

68 

59 

9 

100 

100 

86 

17 

100 

100 

100 

47 

100 

100 

100 

77 

100 

100 

100 

95 

100 

100 

100 

100 

100 

100 

100 

100 

100 

100 

100 

100 

66  66  66 
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Table  2.2-7b:  Seven  additional  knot  algorithms,  Up  ^  20, 


Table  2.2-8.  Summary  of  spline  fitting  algorithms  for  a  1%  accuracy 
estimate  of  ujmBx  and  * 


Algorithm 

number  of  data  points 

for  equally  spaced  knot  method 

200  -  300 

for  one  additional  knot  method 

150  -  200 

for  three  additional  knot  method 

100  -  150 

for  seven  additional  knot  method 

30-50 

knot  algorithms  are  compared  with  those  required  for  the  other  spline  function  algorithms 
in  Table  2.2-8.  It  can  also  be  concluded  that  this  algorithm  works  even  better  for  high  Q* 
circuits.  The  reason  the  improvements  are  more  significant  at  high  Q's  can  be  qualitatively 
explained.  Since  the  iiJsdB  frequencies  and  Q*  values  compared  in  Table  2.2-4  are  essentially 
characteristics  of  the  passband,  those  points  which  lie  outside  of  the  passband  have  only 
small  affects  on  the  predicted  values  of  these  parameters.  For  example,  with  a  peak  gain 
at  w  =  1  and  with  Q  =  most  of  the  equally  spaced  points  (approximately  275)  lie 
in  the  passband.  Thus,  if  n  =  300,  then  there  are  275  points  in  the  passband  with  the 
equally  spaced  algorithm  and  282  points  in  the  passband  for  calculation  of  the  second 
spline  function  with  the  7  additional  points  algorithm.  Correspondingly,  if  Q  =  20,  then 
there  are  approximately  7  of  the  un.^ormly  spaced  points  in  the  passband  with  the  equally 
spaced  algorithm  and  14  points  in  the  passband  with  the  7  additional  points  algorithm. 
The  significant  improvement  in  the  number  of  passband  data  points  experienced  in  high 
Q  applications  should  be  appzirent. 

Based  upon  the  premiss  that  the  number  of  passband  points  plays  a  major  role  in 
determining  the  overall  accuracy  of  estimating  the  3dB  frequencies  and  Q'  values,  there 
appears  to  be  a  paradox  in  the  data  of  Table  2.2-4a,  because,  for  example,  with  Q  --  j 
and  a  peak  gain  at  a;  =  1  we  would  expect  to  obtain  an  estimate  of  Q'  and  uzdBi  ^md 
W3dB2  much  better  than  .5%  with  about  270  passband  points  since  nearly  .5%  accuracy 
was  demonstrated  for  about  14  points!  This  is  actually  not  a  paradox  because  the  data  for 
0  <  Q  <  8  in  Table  2.2-4a  was  obtained  by  considering  all  structures  with  Q  <  8.  Were 
the  first  table  limited  to  Q  <  1,  a  dramatic  impiW'ement  in  accuracy  for  the  equally  spaced 
knot  algorithms  would  have  been  observed  due  to  the  very  high  number  of  passband  data 
points  and  minimal  improvements  would  have  been  observed  with  the  remaining  three 
algorithms.. 

If  300  initial  sample  points  are  used,  0.5%  accuracy  appears  attainable  for  the  high  Q 
circuits.  It  may  well  be  the  case  that  even  further  improvements  in  accuracy  are  attainable 
with  other  modest  modifications  of  the  spline  fitting  algorithm.  Since  our  goal  has  been 
to  obtain  frequency  control  in  the  1%  range,  and  since  it  appears  that  the  existing  spline 
algorithms  are  capable  of  this,  additional  investigations  at  improving  the  spline  fitting 
algo,  ithm  have  not  been  made  at  this  point  in  time. 

Comments  about  the  performance  of  these  spline  function  algorithms  as  a  function 
of  the  number  of  points  in  the  algorithm  deserves  attention.  The  simulations  summarized 
in  Table  2.2-7  were  based  upon  the  assumption  that  the  sample  points  were  uniformly 
(linearly)  spaced  on  the  normalized  interval  from  0  to  2.  In  practice,  we  would  expect 
deviation  from  our  design  center  by  at  most  ±50%.  This  would  effectively  reduce  the 
normalized  interval  over  which  szunple  points  need  be  taken  to  (+.5,  1.5]  which  effectively 
reduces  the  required  number  of  sample  points  by  a  factor  of  2  below  what  was  used  in 
the  simulations  of  Table  2.2-7.  The  question  of  using  linear  or  logarithmic  spaced  samples 
deserves  mention.  Since  the  logj-rithmic  frequency  axis  is  often  of  more  interest  than  the 
linear  frequency  axis,  it  would  make  more  sense  to  consider  uniformly  spaced  samples  on 


a  logarithmic  axis.  Defining  the  logarithmic  frequency  variable  by  h  where 


h  =  log  w 


it  follows  that  the  normalized  linear  domain  defined  by  a;((.5,  1.5j  maps  to  the  normalized 
logarithmic  domain  defined  approximately  by  hcj-.S,  .2).  It  is  conjectured  that  a  reduction 
in  the  number  of  sample  points  required  for  a  given  degree  of  accuracy  can  be  obtained  by 
using  the  uniform  logarithmic  point  spacing.  The  question  of  whether  the  spline  fit  is  made 
in  terms  of  the  u;  variable  or  h  variable  also  deserves  attention.  It  is  also  conjectured  that 
a  polynomial  spline  fit  in  the  k  variable  rather  than  the  w  variable  may  offer  improvements 
in  accuracy.  Neither  of  these  conjectures  have  been  substantiated  at  this  point  in  time. 


Another  method  of  reducing  the  number  of  sample  points  while  still  maintaining  a 
given  degree  of  accuracy  deserves  mention.  The  equal  spaced  knot  algorithm  was  based 
upon  the  assumption  that  all  sample  points  were  made  a-priori  and  that  the  spline  function 
was  calculated  based  upon  these  a-priori  measurements.  The  three  extensions  discussed 
above  were  based  upon  the  assumption  that  a  few  additional  sample  points  could  be  added 
through  a  second  series  of  a  small  number  of  additional  measurements  near  the  pass  band 
predicted  by  the  first  set  of  measurements.  Although  all  sample  points  from  both  sets  of 
measurements  were  used  in  the  second  spline  function  calculation,  the  affects  of  all  except 
for  a  few  of  the  original  points  in  the  neighborhood  of  the  passband  on  the  estimates  of 
ijJzdB  aJid  Q'  were  negligeable.  Since  very  few  of  the  original  sample  points  affect  the 
estimates  of  and  Q'  for  narrow  bandwidth  systems,  a  significant  reduction  of  the 
number  of  required  sample  points  can  be  obtained  in  high  Q  applications  if  a  much  coarser 
grid  is  used  initially  since  the  first  spline  function  fit  essentially  only  serves  to  locate  the 
''ctual  passband  from  which  additional  samples  will  be  made.  K  sufficient  resolution  on  the 
magnitude  measurement  circuit  exists,  a  very  small  number  of  samples  is  needed  to  locate 
the  passband.  Unfortunately,  for  narrow-band  systems,  the  magnitude  of  the  transfer 
function  may  be  so  low  in  the  stopbamd  so  as  to  cause  practical  limitations  in  accurately 
making  gain  measurements;  in  fact,  it  may  well  be  the  case  that  the  magnitude  at  many 
sample  points  in  the  stopband  is  less  than  1  l.s.b.  of  the  A/D  converter  in  the  magnitude 
measurement  system.  This  problem  can  be  circumvented  if  we  require  at  least  one  sample 
point  lie  in  the  nominal  passband.  If  the  normalized  desired  system  bandwidth  is  BWn, 
then  the  number  of  sample  points  needed  to  nominally  obtain  one  sample  point  in  the 
passband  for  the  linearly  spaced  samples  in  the  interval  (.5, 1.5]  is  given  by 


1.5  ~  .5  _  1 

BWr,  ~  BWn 


(2.2  -  26) 


With  a  bandpass  system  which  is  nominally  second-order,  the  pole  Q  is  the  reciprocal  of 
the  bandwidth.  Thus  the  number  of  sample  points  needed  is 


ni=Q  (2.2  -  27) 

If  the  7  additional  knot  algorithm  is  used,  it  is  conjectured  that  approximately  Q  +  7  total 
data  points  are  needed  to  obtain  accuracies  in  u^dBi  and  to  about  .5%  using  the 

two  spline  approach. 


2.2-39 


Significant  reductions  in  spline  function  computation  time  can  also  be  achieved.  The 
computation  time  required  for  a  spline  function  fit  to  a  large  number  points  can  be  ap¬ 
proximated  by 

t  =  aN  (2.2  -  28) 

where  N  is  the  number  of  data  points  and  a  is  a  constant  independent  of  N.  The  com¬ 
putation  time  reduction  potential  is  based  upon  the  premiss  that  a  spline  function  fit  to 
the  data  points  in  the  passband  plus  one  or  two  data  points  adjacent  to  the  passband  will 
differ  very  little,  in  the  passband,  from  a  spline  function  fit  through  all  of  the  data  points. 
With  this  premiss,  it  can  be  observed  that  the  algorithm  used  to  generate  the  data  in 
Table  2.2-7a  for  n  =  300  required  fitting  one  spline  through  300  points  and  a  second  spline 
through  307  points.  Thus  the  time  required  for  spline  calculations  can  be  approximated 
by  t  =  (607)  a.  Nearly  the  same  accuracy  would  have  been  obtained  if  the  second  spline 
function  were  restricted  to  passband  data  points  plus,  say  two,  points  adjacent  to  the  pass- 
band  on  each  side.  For  example,  if  =  20,  it  follows  from  the  previous  example  that  there 
are  approximately  14  passband  points  with  the  four  additional  adjacent  points  the  time 
required  for  calculating  the  second  spline  is  reduced  to  =  18a  and  the  total  computa¬ 
tional  time  for  the  300  point  algorithm  becomes  318a  which  is  nearly  a  50%  reduction  over 
what  was  required  for  calculating  the  two  spline  functions  with  a  large  number  of  points. 
If  the  number  of  sample  points  for  the  first  spline  calculation  is  now  reduced  to  ni  =  Q,  it 
follows  that  the  7  additional  point  algorithm  will  require  a  total  spline  computation  time 
of 

t  =  ag  +  (7  +  21  +  2)a  (2.2  -  29) 

For  g  —  20,  f  =  31a  which  is  abrut  5%  of  what  was  required  previously  to  obtain  nearly 
the  same  accuracy  in  estimating  Q’  'JzdBi  and  0/3^53. 


2.2.2  Data  Collection  Haidware 

The  measurement  system  can  be  subdivided  into  three  separate  hardware  subsystems: 
excitation,  frequency  counter  and  gain/phase  Performance  Detector  subsystems.  The  re¬ 
mainder  of  this  section  will  discuss  each  of  these  hardware  subsystems,  their  architectures 
and  design  details  of  specific  implementations. 


2. 2. 2.1  Excitation  system. 

This  subsystem  provides  the  analog  signal  processor  with  a  sinusoidal  input  waveform 
of  a  specified  frequency  and  amplitude  needed  during  the  calibration  phase.  The  proposed 
architecture  is  based  upon  a  voltage  controlled  oscillator  (VCO)  as  shown  in  Fig.  2.2- 
7.  Two  digital  words  {Djrtq  and  Damp)  are  supplied  by  the  performance  measurement 
controller.  Dfreq  is  converted  by  a  n-bit  DAC  (typically  a  logarithmic  DAC)  to  a  control 
voltage  (Vy),  which  is  used  to  control  the  frequency  of  cwcillation  of  the  VCO.  Similarly, 
the  digital  word  Damp  is  converted  to  a  control  voltage  Va  which  is  a  reference  signal  for 
an  automatic  gain  control  (AGC)  circuit.  The  output  of  the  VCO,  Vexe,  should  be  of  the 


form, 


«**c  =  V"msin(u>(t).) 


{2.2  -  30) 


where  Vm  and  w  are  a  function  of  D^mp  and  Dfr*q,  respectively. 

The  basic  specifications  for  this  subsystem  are  as  follows: 

(1)  The  frequency  range  should  cover  the  current  CSP  control  range  and  extend  well  below 
and  above  the  passband  for  all  realizable  filters  within  this  range.  For  DCASP-2,  the 
required  range  is  approximately  from  SOOHz  to  hMHz, 

(2)  The  resolution  of  the  frequency  control  should  be  set  at  a  fixed  percent  change  of 

the  current  frequency,  dictated  by  the  maximum  number  of  samples  required  in  the 
passband  at  the  highest  Q,  (i.e.,  where  N  is  the  number  of  samples  in  the 

passband).  For  DCASP-2,  and  tne*current  SPLINE  fitting  algorithm  needed  for 
attaining  absolute  accuracy  in  the  .5%  to  1%  range,  this  value  is  around  .2%. 

(3)  The  range  of  should  satisfy  the  expression,  <  V^a*>  where  V^ax  is 

the  maximum  signal  swing  permissable  at  the  filter  input  or  output  and  Hmax  is  the 
maximum  gain  over  the  operating  frequency  range  of  the  filter  (assuming  that  there 
is  no  peaking  at  any  internal  nodes  to  the  CSP),  thus  preventing  the  output  signal 
from  being  distorted  because  of  too  large  an  output  signal  swing,  or  too  noisy  because 
of  too  small  an  output  signal  swing. 

In  light  of  global  processing  variations,  it  may  be  necessary  to  calibrate  the  frequency 
control  of  the  excitation  subsystem  in  order  to  meet  the  above  specifications,  which  is 
easily  provided  for  by  the  current  DCASP  architecture. 

Currently,  no  excitation  system  has  been  implemented  in  CMOS,  since  this  circuit 
design  was  not  expected  to  limit  the  overall  capabilities  and  performance  of  the  DCASP 
architecture  under  investigation.  An  HP  3325A  programmable  synthesizer/function  gener¬ 
ator  is  currently  being  used  in  its  absence.  This  instrument  easily  meets  the  zdorementioned 
specifications  and  is  readily  interfaced  to  the  tuning  host  discussed  in  Section  2.4  of  this 
document. 


2. 2. 2.2  Frequency  measurement  system. 

This  subsystem  measures  the  fundamental  frequency  of  the  excitation  waveform,  thus 
providing  the  ordinal  values  of  the  transfer  function  frequency  response. 

A  basic  description  of  the  architecture  of  a  frequency  counter  subsystem  is  shown 
in  Fig.  2.2-8.  This  system  has  two  analog  inputs,  fref  and  /un*.  fref  is  an  externally 
provided  reference  frequency  waveform,  while  funk  is  the  “unknown”  sinusoidal  waveform 
of  unknown  frequency.  The  outputs  are  two  n-bit  digital  words,  Dn/  and  Dun*,  which 
are  supplied  to  the  performance  measurement  controller  for  post-processing.  The  internal 
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Fig.  2.2-7.  Block  diagram  of  typical  excitation  hardware  system. 


hardware  consists  of  a  zero  crossing  comparator  with  hystersis  that  drives  a  digital  counter’s 
clock  input.  Thus  counting  the  number  of  periods  of  the  unknown  input  waveform  that 
occurs  in  a  fixed  time  interval;  the  period  and  frequency  of  the  unknown  input  waveform 
can  be  estimated.  The  digital  control  signals  clear  and  latch  are  used  to  start  and  stop  the 
counting  process,  and  thus  control  the  conversion  time  interval.  The  hystersis  in  the  high¬ 
speed  comparators  compensate  for  harmonic  distortion  and  noise  that  may  be  present  on 
the  input  waveform. 


The  bask  concept  illustrated  here  is  that  the  number  of  periods  in  a  fixed  time  interval 
is  proportional  to  the  frequency  of  the  waveform.  This  can  be  expressed  mathematically 
as 


AT  =  + 

|sin(27r/t  + 

where  N  is  the  number  of  periods  in  the  interval  t  €  [tl,t2]. 


(2.2-31) 


The  quantization  effects  of  the  actual  hardware  system  can  be  expressed  as  iVx  -  1  < 
Dz  <  Nf  -t  \  ioT  X  6  (re/, unA),  where  D*  (corresponding  to  the  physical  output  word  of 
the  hardware  system)  is  the  quantitized  or  measured  value  of  Nz  (the  exact  or  theoretical 
number  of  periods).  Now,  based  upon  the  proportionality  between  frequency  and  the 
number  of  periods  in  a  fixed  interval,  the  unknown  frequency,  f^tnk  can  be  expressed  as 

/»nt  =  /r./~.  (2.2-32) 


The  overall  error  induced  in  /unfc,  assuming  a  LSB  error  in  both  Dref  and  Dunk  and  based 
upon  a  worst  case  sensitivity  analysis  on  eq.  (2.2-32),  is: 


A/un*  1 
-  - 

funk  Dunk 


(2.2  -  33) 


Thus  for  a  specific  value  funk  and  /r*/,  the  length  of  the  measurement  time  interval 
can  be  determined  for  a  desired  accuracy.  Also,  the  overall  accuracy  of  the  frequency 
counter  for  a  fixed  time  interval  can  be  enhanced  by  increasing  the  reference  frequency  as 
limited  by  the  speed  of  the  physical  hardware.  For  frej  >  funk}  the  width  m  of  the  digital 
word  Dunk  determines  the  overall  percent  accuracy  of  the  frequency  counter,  as  expressed 
in  eq.  (2.2-34). 

m»-log2(~^)  (2.2-34) 

This  also  implies  that  the  digital  counter  associated  with  Dunk  be  used  to  indicate 
when  a  certain  desired  ikcuracy  has  been  obtained  and  thus  automatically  terminate  the 
conversion  process.  The  width  n  of  the  digital  word  Dref  is  a  function  of  the  minimum 
unknown  frequency  and  the  corresponding  digital  word  width  m.  Ass.iming  that  the  end- 
of-conversion  (EOC)  is  triggered  by  the  saturation  of  the  “unknown”  counter,  then 

n  «  m  +  log2(y^).  (2.2  —  35) 

funk 
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Fig.  2.2-8.  Frequency  counter  hardware  schematic. 


The  design  presented  here,  is  simple  and  straight  forward  and  unlimited  in  obtainable 
accuracy.  Since  the  DCASP  architecture  currently  under  investigation  is  not  limited  in 
performance  nor  capabilities  by  the  specifics  of  the  frequency  counter  implementation,  the 
frequency  counter  subsystem  has  not  been  fabricated  in  CMOS  technology.  Rather  a  HP 
5316A  lOOMHz  Universal  Counter  has  been  substituted  in  the  absence  of  an  integrated 
version  of  this  circuit. 


2. 2. 2.3  Gain/Phase  Measurement  System. 

The  discrete  time  sampling  algorithm  discussed  in  Sec.  2.2.2. 1  of  this  report  was 
based  upon  the  assumption  that  samples  of  the  waveform  at  discrete  points  in  time  are 
available.  Since  tedious  arithmetic  based  upon  the  values  of  these  samples  is  required  to 
extract  gain  and  phase  information,  it  is  most  expedient  to  implement  these  operations 
with  the  digital  controller.  The  most  straightforward  way  to  approach  this  problem  thus 
involves  building  a  high  speed  clocked  A/D  converter.  High  speed  A/D  converter  design 
with  good  accuracy  and  resolution  is  challenging.  An  acceptable  alternative  is  to  build 
a  fast  sample  and  hold  and  a  slower  speed  A/D  converter.  This  significantly  relaxes 
the  A/D  converter  design  specifications  and  simplifies  the  A/D  converter  design  problem 
thus  reducing  the  cost  associated  with  implementing  the  A/D  converter.  Furthermore, 
with  the  latter  approach,  a  single  A/D  can  service  several  sample  and  holds  thus  further 
reducing  system  design  costs  and  guaranteeing  inherent  channel  to  channel  matching  of 
the  A/D  conversion  process.  This  channel  to  channel  matching  possibility  has  farther 
reaching  implications.  Since  gain  measurements  will  be  made  based  upon  the  excitation 
and  response  samples,  any  nonideal  factors  which  linearly  affect  the  input  and  output  in 
identical  ways  will  have  minimal  impact  on  system  gain  calculations.  Thus,  architectures 
which  have  inherent  channel  to  channel  matching  in  the  data  converters  and/or  sample 
and  hold  circuits  should  offer  potential  for  improved  performance.  The  difficulty  of  this 
approach  is  that  stringent  and  challenging  specifications  must  be  placed  on  the  design  of 
these  sample  and  holds  (S/H’s),  for  high  frequency  applications  requiring  high  precision 
and  high  speed  sampling. 

The  discrete  time  sampling  algorithm  of  Sec.  2.2.2. 1  requires  simultaneous  sampling 
of  the  excitation  and  response  waveforms.  This  can  be  iu:hieved  with  two  phase-coherent 
sample  and  hold  circuits,  as  shown  in  Fig.  2.2-9.  These  circuits  share  the  sample  control 
line.  The  resulting  sample  and  held  output  voltages  (v„/£zc  and  Vo/Reap)  are  made  available 
for  conversion  to  digital  wo.’ds  by  a  subsequent  A/D(s)  which  is  (are)  not  included  in  the 
figure. 

Such  sample  and  holds  are  often  designed  to  operate  in  two  modes,  the  track-mode 
and  the  hold-mode  in  which  a  holding  capacitor  is  used  to  hold  the  sampled  waveform.  In 
track-mode  the  voltage  drop  across  the  holding  capacitor  tracks  the  input  voltage.  In  the 
hold-mode,  the  charge  on  the  hold  capacitor  is  electrically  isolated  from  the  input  signal 
and  the  voltage  drop  across  the  low-loss  capacitor  is  buffered  and  supplied  to  the  output, 
as  the  sampled  signal.  The  transition  from  the  track  mode  to  the  hold  mode  is  referred  to 
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"V" 

S/H 
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as  sampling. 

Performance  Limitations: 

Three  different  Sample  and  Hold  circuits  have  been  investigated.  Before  the  perfor¬ 
mance  limitations  of  the  Sample/Hold  circuits  can  be  properly  addressed,  the  term  per- 
formance  should  be  defined  in  this  specific  context.  Several  parjuneters  which  are  useful 
for  characterizing  the  performance  of  Sample  and  Hold  circuits  follow: 

Channel-to-Channel  Aperture  Jitter  (Atap)  —  Aperture  Time  is  qualitatively 
defined  as  the  time  between  the  inception  of  the  sample  trigger  and  the  instant  the 
voltage  drop  across  the  hold  capacitor  ceases  to  track  the  input  signal.  This  instant 
shall  be  referred  to  as  the  sampling  time  t,.  The  channel  to  channel  variation  in  the 
aperature  times  will  be  termed  aperature  jitter. 

Channel-to-Channel  Gain  Variation  (AHt/h)  —  The  variation  in  the  Gain 
between  matched  channels  of  the  Performance  Detector  over  a  specific  frequency  range 
and  voltage  range.  The  Gain  specified  in  dB  is  defined  as  the  linear  voltage  gain 
between  the  input  signal  and  the  sample  and  held  output  signal.  Ideally  the  gain 
should  be  OdB. 

DiflTerential  Nonlinearity  [DNL]  —  The  maximum  deviation  from  an  ideal  straight 
line  drawn  between  the  maximum  and  minimum  sample  and  held  output  voltage  over 
the  intended  range  of  input  signals,  as  a  function  of  the  input  frequency.  This  quantity 
is  expressed  as  a  percentage  of  the  full  scale  (FS)  analog  voltage  range.  This  error 
term  is  independent  of  gain  error  and  offset  error. 

Droop  Rate  {dVojdt)  —  Droop  rate  is  the  rate  of  change  in  the  sample  and  held 
output  voltage  while  the  circuit  is  in  hold-mode.  dVojdt  is  a  direct  function  of  the 
leakage  current  associated  with  the  hold  capacitor  and  the  size  of  the  holding  capacitor. 

Hold  Mode  Settling  Time  {tkm)  —  This  is  the  time  for  the  sampled  and  held 
output  signal  to  settle  to  within  a  specified  error  band,  measured  from  the  rising 
edge  of  the  sample  amd  hold  line.  This  is  a  function  of  the  external  load  capacitance 
plciced  on  the  output.  This  time  factor  is  the  minimum  amount  of  time  that  should 
be  allocated  between  requesting  a  sample  and  instigating  the  A/D  conversion  process. 

Offset  Voltage  {Vot)  —  This  is  the  DC  sample  and  held  output  voltage  associated 
with  sampling  the  input  signal  with  the  input  grounded.  This  component  includes 
clock  [sumpit)  feedthrough  and  any  offset  associated  with  buffering  the  sample  and 
held  output  signal. 

Power  Supply  Rejection  Ratio  {PSRR)  —  The  AC  voltage  gain  between  an  AC 
voltage  source  in  series  with  the  DC  power  supply  voltages  (V^D  and  Vss)  and  the 
output  voltage  Vo  for  the  S/H  operating  in  both  track-  and  hold-modes.  PSRR  is 
measured  in  dB  as  a,  function  of  frequency. 
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Note  that  the  Aperture  Time  and  Gain  are  not  specified  here  because  the  Sampling 
Algorithm  eliminates  these  errors,  assuming  the  two  channels  are  matched.  Furthermore 
since  matching  of  the  adjacent  S/H  is  suspected  to  be  fairly  good,  the  channel-to-channel 
type  variations  should  not  be  especially  taxing.  Also,  the  DC  offset  voltage  is  not  partic¬ 
ularly  challenging  because  its  effect  can  easily  be  cancelled  in  the  discrete  time  Sampling 
Algorithm.  The  differential  nonlinearity  is  expected  to  be  the  most  challenging  of  the 
specifications  listed  above,  especially  when  subjected  to  large-amplitude  high-frequency 
signals. 

The  problem  of  analyzing  the  inherent  performance  limitations  of  each  of  the  S/H 
architectures  has  been  broken  down  into  three  separate  categories: 

(1)  Track-Mode  performance  limitations  —  those  factors  that  limit  the  ability  of  the 
S/H  circuitry  to  accurately  track  the  response  input  signal  relative  to  its  ability  to 
track  the  excitation  input  signal;  and  how  these  inaccuracies  relate  to  the  overall 
inaccuracy  of  the  so  called  “sampling”. 

(2)  Sampling-Transition  performance  limitations  —  those  inaccuracies  in  the  over¬ 
all  “sampling”  induced  by  the  transition  between  tracking  the  input  signal  and 
holding  the  resultant  analog  voltage  on  a  hold  capacitor. 

(3)  Hold-Mode  performance  limitations  —  those  limitations  that  cause  the  resulting 
held  analog  voltage  to  deviate  from  its  ideal  value. 

Errors  in  each  of  these  categories  must  then  be  related  to  the  overall  error  in  so  called 
“sampling”  the  excitation  and  response  signals.  These  errors  induce  errors  in  the  computed 
gain  and  phase  measurements  of  the  Performance  Measurement  System. 

Before  each  of  these  architectures  are  discussed,  common  problems  or  non-idealities 
that  plague  eacf  of  these  S/H  designs  will  first  be  characterized  and  then  modeled.  Primar¬ 
ily  this  discussion  will  focus  on  the  analog  switch  since  it  (1)  is  common  to  all  S/H  designs 
and  (2)  contributes  heavily  to  the  overall  differential  nonlinearity  and  other  performance 
limitations  of  the  S/H’s. 

After  the  analog  switch  has  been  discussed,  three  S/H  architectures  will  be  described. 
This  section  is  concluded  with  a  discussion  of  the  design  of  an  operational  amplifier  which 
is  central  to  all  of  the  S/H  architectures. 


2.2.2.3a  Sample  and  Hold  for  Data  Conversion 


2.2.2.3al  Analog  Switch 

In  the  S/H  application  the  purpose  of  the  analog  switch,  shown  in  Fig.  2,2-10,  is  to 
provided  a  short  circuit  between  the  source  node  V,  and  the  drain  node  when  the  switch 


is  on,  provide  an  open  circuit  when  the  switch  is  *off”,  and  rapidly  switch  between  the 
“on”  and  “oflT  states  when  the  control  line  changes  from  a  logical  “1”  (+5V)  to  a  “0" 
state  (-SV).  In  actuality  the  analog  switch  deviates  greatly  from  this  ideal  performance 
with  the  following  symptoms: 

(1)  When  the  analog  switch  is  turned  on,  it  exhibits  two  undesirable  characteristics: 

(a)  It  has  a  finite  on-resistance  meaning  that  there  is  some  finite  voltage  drop  across 
the  switch  that  increases  as  the  current  through  the  switch  increases. 

(b)  This  on-resistance  is  dependent  upon  the  DC  potential  of  the  source/drain  nodes, 
thus  inducing  signal  dependent  nonlinearities  into  the  host  circuit.  The  non-zero 
on  impedance  manifests  itself  in  delays  and  a  frequency  dependent  gain  function 
when  the  switch  is  used  in  high  speed  sample  and  hold  circuits.  These  effects 
are  dominantly  linear.  The  voltage-dependent  nonlinearities  in  the  switch  on 
impedance  cause  distortion  in  the  sample  and  hold.  These  latter  effects  cause 
major  concern  if  the  distortion  becomes  very  large. 

(2)  Each  of  the  pass-transistors  of  the  analog  switches  have  a  parasitic  capacitor  between 
the  source/drain  node  and  the  gate.  This  capacitor  weakly  couples  the  control  sig¬ 
nal  driving  the  gates  into  the  signal  path  of  the  analog  switch,  resulting  in  the  two 
following  characteristics: 

(a)  It  injects  charge  into  the  source  and  drain  nodes  of  these  devices  when  it  is  turned 
“off” .  This  is  commonly  referred  to  as  clock  feedthrough. 

(b)  It  injects  power  supply  noise  into  the  source  and  drain  nodes  even  while  these 
devices  are  “off”. 

(3)  The  reverse  biased  junctions  of  the  ri^  and  p"*"  diffusions  associated  with  the  source  and 
drain  nodes  of  the  pass-transistors  of  the  analog  switches  contribute  to  two  parasitic 
effects: 

(a)  A  parasitic  diffusion  capacitor  is  produced  between  the  source/drain  nodes  and 
the  bulk/well.  Furthermore,  these  parasitic  capacitances  are  a  function  of  the 
DC  voltage  across  the  capacitor.  These  nonlinear  parasitics  induce  undesirable 
nonlinearities  into  circuits  containing  these  components. 

(b)  The  source/drain  diffusions  exhibits  a  reverse  bias  leakage  current,  thus  implying 
that  the  source/drain  nodes  of  the  analog  switch  are  not  electrically  isolated  when 
the  switch  is  “off”. 

Each  of  these  nonidealities  are  discussed  below,  after  the  different  analog  switch  ar¬ 
chitectures  are  presented. 
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(a)  positive-true  (b)  negative-true  (c)  complimentary 

logic  logic  logic 

Fig.  2.2-10.  Analog  switch  symbols. 
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Description: 


There  are  four  types  of  analog  switches  that  are  currently  under  investigation,  as 
shown  in  Fig.  2.2-11.  The  first  two  switches  are  the  simple  n-channel  and  p-channel 
devices.  These  devices  have  a  limited  operating  voltage  range,  since  the  devices  have  a 
tendency  to  turn  “off”  with  large  input  signal.  The  turning  off  of  the  switches  is  due  to 
threshold  voltage  limitations  caused  by  decreasing  the  excess  bias  on  the  G-S  terminals 
with  increasing  signal  swings.  The  threshold  voltage  itself  is  also  signal  dependent  due 
to  bulk  (7)  effects.  7  effects  become  more  problematic  as  the  reverse  bias  between  the 
bulk/source  p/n  junction  is  increased.  This  increase  in  reverse  bias  increases  the  size  of 
the  depletion  region  surrounding  this  junction  and  reduces  the  majority  carriers  in  the 
channel.  Quantitatively,  in  a  typical  CMOS  process,  this  modulation  of  Vt  varies  between 
0.8K  and  2.5V'  as  Vbs  voltages  range  between  ZV  and  7 V,  as  is  typical  for  our  input  signal 
swing  of  ±2V.  Here  the  term  ‘on”  refers  to  the  device  being  biased  in  the  active  or  triode 
region,  so  that  the  channel  is  characterized  by  the  presence  of  a  strong  inversion  layer. 
The  device  is  referred  to  as  “off”,  when  the  device  is  biased  in  cutoff,  where  the  channel 
is  void  of  majority  carriers.  The  other  bias  regions  such  as  weak-inversion  and  saturation 
are  undesirable  states,  since  the  device  has  a  much  larger  “on-resistance”  in  these  states, 
yet  not  large  enough  to  be  considered  “off”.  Quantitatively,  consider  a  circuit  biased  with 
±5  volt  supplies  with  an  input  signal  of  +2V  placed  on  the  source  node  of  an  n-channel 
MOSFET  with  a  zero  bias  threshold  voltage  of  .9V  gated  on  with  +5V  applied  to  the 
gate.  This  results  in  a  Vbs  —  and  thus  for  7  =  .3V5,  Vj  m  2.5V.  This  results 
in  a  Vas  -  Vj  «  0.5V,  which  would  be  considered  barely  “on”,  especially  if  Vos  was 
non-zero.  This  will  be  illustrated  later  in  the  discussion  of  on-resistance  nonlinearities. 
Similar  problems  are  experienced  with  single  p-channel  switches  when  the  input  signals 
become  negative. 

This  soft  turn-on  problem  is  typically  addressed  by  using  the  complimentary  ana¬ 
log  switch  shown  in  Fig.  2.2-1  Ic.  This  switch  has  the  characteristics  that  as  V,  swings 
positive,  the  n-channel  transistor  M\  starts  to  turn  “off” ,  but  the  p-channel  device  M2 
counteracts  this  effect  by  turning  “on”  even  stronger.  Similarly  as  the  V,  swings  negative 
the  n-channel  MOSFET  compensates  for  the  p-channel  transistor.  The  price  paid  for 
the  complimentary  signal  is  both  the  area  required  for  the  second  transistor  and,  more 
importantly,  the  necessity  of  generating  and  bussing  the  complimentary  clock  signals. 

The  last  analog  switch  under  consideration  is  referred  to  as  the  “floating-well  compli¬ 
mentary  analog  switch” ,  as  shown  in  Fig.  2.2-lld.  This  switch  attempts  to  take  advantage 
of  the  p-well  process  by  tying  the  p-well  of  M2  to  V,  when  the  switch  is  “on”  and  to  Vss 
when  “off” .  Thus  the  bulk  effect  of  M2  is  completely  eliminated  when  the  device  is  on.  One 
criterion  for  a  floating-well  type  architecture  to  operate  properly,  is  that  the  diffusion 
and  p-well  junctions  associated  with  M2  must  remain  reversed  biased  at  all  times.  Thus 
when  the  transistor  is  “off”  the  p-well  is  dropped  to  the  lowest  potential  in  the  circuit. 
Furthermore  when  the  transistor  is  “on”,  it  is  assumed  that  V<<  is  one  diode  drop  above 
Vt.  This  assumption  will  restrict  how  much  current  can  be  pulled  through  the  device,  and 
thus  limit  its  application.  Lastly,  when  the  switch  is  turned  “off”,  there  is  a  time  delay 


between  the  analog  ewitch  turning  “ofF  and  the  p-well  being  discharged  down  to  V55. 
This  time  delay  should  be  of  no  consequence  as  long  does  not  change  drastically  in 
this  time  period,  as  is  expected  in  most,  S'/H  applications.  Note  also  the  dynamic  p-well 
biasing  circuitry  does  not  affect  the  time  required  to  turn  the  analog  switch  *‘ofP,  except 
for  a  slight  increase  in  the  load  capacitance  seen  on  the  Vg  node. 

Voltage  Dependent  “On-Resistance”  Nonlinearities: 

As  mentioned  above,  when  the  analog  switch  is  turned  “on”,  and  current  is  being 
conducted  by  the  switch,  a  voltage  drop  across  the  switch  is  produced.  This  implies  a 
finite  on-resistance.  The  term  “on-resistance”  normally  implies  that  there  exists  a  lineau* 
relationship  between  the  conduction  current  and  the  associated  voltage  drop  across  the 
analog  switch.  Unfortunately,  this  is  not  the  case.  First  of  all,  the  analog  switch  is  not  a 
two  terminal  device,  but  rather  is  a  two  port  device  (as  shown  in  Fig.  2.2-12a),  in  which 
there  exists  some  family  of  nonlinear  I-V  curves  that  can  be  characterized  by  small-signal 
linearized  two  port  parameters  as  a  function  of  the  DC  quiescent  two  port  parameters 
V'd,  ^s>  Id  and  /s.  Equivalently  the  two-port  system  can  be  represented  as  shown  in 
Fig.  2.2-12b,  where  Vqs  '=^  ~  Vs  and  Is  -  Isi  +  h,-  If  we  neglect  leakage  currents, 

(/s,  =  0)  and  assume  that  Ip  —  h  then  the  small-signal  linearized  on-resistance  r^n  can 
be  defined  as 


BId 


(2.2  -  36) 


r^n  is  a  function  of  the  bias  point  Vcs  and  V5.  With  this  formulation,  it  is  assumed 
that  Ton  is  frequency  independent.  Since  the  intended  use  of  this  model  as  driven  by  the 
S/H  application  is  ideally  based  upon  the  assumption  that  there  is  little  to  no  voltage 
drop  across  the  device  when  the  switch  is  in  the  “on”  state,  we  shall  assume  that  the  DC 
component  oiVos  satisfies  the  relation  V^s  «  0.  This  simplifies  the  model  and  reduces 
the  on-resistance  to  being  a  function  of  a  single  DC  potential,  V5. 


N-  and  P-Channel  Analog  Switches 

First  the  n-channel  and  p-channel  pass-transistor  analog  switches  will  be  study  with 
the  intent  of  accurately  characterizing  the  nonlinear  on-resistance  characteristics.  After 
this  has  been  completed,  then  the  complimentary  and  floating-well  analog  switches  will 
be  be  studied,  since  these  complex  devices  are  composed  of  simple  pass-transistors. 


Hand  Calculations 

Mathematically  the  expression  for  r<,n  for  the  single  n-channel  and  p-channel  analog 
switches  can  be  derived  easily  from  Sah’s  equation. 
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Sah’s  Equation: 


Id.  =  4,  (vos  -  Vt..  - 1,  +  V'bs  -  V*)  -  »'ds(1  +  AVcs)  (2.2  - 


where 


0n  =  Knj  (2.2-376) 

Thus  if  we  assume  the  following  definitions  for  on-resistance  ton  on-conductance  g^: 

_  _  ^  4*^  d/o  I  ff,  ooA 

gn,  -  -  -  77^  (2.2  -  38) 

•'on*  ®*'I>5|Vc5=0 

Thus  from  equations  (2.2-37a,b),  we  find 

9n  =  0n  ^^75  -  VTo^  -  Ifn  +  Vbs  “  V^))  •  {2-2  -  39) 

For  a  system  with  ±5V  power  supplies  this  equation  becomes 
Qn  =  0n  (s  -  Vs  -  Vt„^  -  Tfn  (\/0  + V’^  +  S  -  )  for  ,  Ifn  >  0,  (2.2  -  40a) 

Similarly  for  a  p-channel  pass-transistor 

9p  =  0p  (5  + Vs  -  Vt^^  -  7p  (v/V*  -  Vs  +5  -  n/0)  )  for  Vr,^ ,  7p  >  0.  (2.2  -  406) 

If  'jfn  ^d  are  as.sumed  constant,  the  expressions  for  Qn  and  Qp  are  quite  simple.  7  is 
actually  dependent  upon  the  value  of  Vbs  since  the  depletion  region  around  the  source 
will  modulate  the  channel  length.  A  more  exact  value  of  “7”  is  given  by  7'  defined  by  (for 
Vds  -  0). 

i'n  =  7n(l  -  0:5*  -  aijJ  =  7n(l  “  Za^,)  (2.2  -  41a) 

where 

tns*  =  Xd^  y/^<i>F  -  Vbs  =  Xd^  >/2<6f’*  +  5  -  Vs  (2.2  -  41c) 


(2.2  -  38) 


(2.2  -  41c) 
(2.2  -  41d) 


Similarly, 


>  =  >(1  -  205,) 

as  =  L/i  -2^^^  -  1 
2  L  [V  Xj 

v)s,  =  Xn^y/l^Ff  +  5  +  V5 


Xd,= 


qNtub, 


(2.2  -  42a) 
(2.2  -  426) 
(2.2  -  42c) 

(2.2  -  42d) 


More  details  about  this  formulation  can  be  found  in  [19].  The  physical  constants  referred 
to  in  equations  (2.2-37a,b)  through  (2.2-42a-d)  are  contained  in  Table  2.2-9a.  Also  the 
MOSIS  recommended  analog  processing  parameters  for  these  same  equations  are  contained 
in  Table  2.2-9b. 
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Table  2.2-9a.  Physical  constants. 


Constant 

Value 

Units 

Co 

8.85418f;  - 12 

Fim 

C«« 

11.7  X  Co 

FIm 

9 

1.60218£  -  19 

C 

Table  2.2-9b.  Process  parameters. 


Parameter 

Value 

Units 

n  -  channel 

p  -  channel 

K  3.286649f?  -  05 

1.526452£  -  05 

AjV^ 

N^ub  haOE  + 16 

1.121088£  + 14 

mosyi 

Vt„  1  0.827125 

-0.894654 

V 

1 

1.35960 

0.879003 

mum 

<^F 

0.6 

0.6 

V 

Xj 

0.40/i 

0.40^ 

m 

A 

1.604983i;  -  02 

4.708659^;  -  02 

1/V 
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Unfortunately,  the  model  parameters  contained  in  Table  2.2-9b  are  not  consistent 
with  the  accepted  device  physics  of  the  MOSFET,  thus  the  results  from  this  analysis  are 
somewhat  subjective.  This  anomaly  stems  from  the  basic  extraction  algorithm  MOSIS 
uses  to  come  up  with  these  so  called  “nominal  analog  process  parameters’*.  This  extrac¬ 
tion  algorithm  uses  the  standard  parameter  extraction  technique  of  taking  physical  I-V 
measurements  of  various  fabricated  test  vehicles  and  then  by  fitting  the  experimental  data 
to  a  device  model  via  a  standard  curve  fitting  algorithm,  the  parameters  of  the  device 
model  can  be  extracted.  Unfortunately,  the  developers  of  this  parameter  extraction  sys¬ 
tem,  knowingly  used  a  subset  of  the  level  2  SPICE  model  parameters.  Secondly,  they 
did  not  constrain  these  parameters  to  be  self-consistent  or  consistent  with  fundamental 
solid-state  physics.  Thirdly,  the  power  supplies  they  used  in  their  extraction  system  were 
most  likely  0  to  5V,  not  ±5V^.  Lastly,  their  test  vehicle  and  the  associated  measurements 
were  not  focused  on  modelling  the  nonlinear  characteristics  of  the  MOSFET  nor  extracting 
reasonable  -7  or  Ngytb  SPICE  parameters. 

Conceptually,  the  S/H  designer  can  minimize  the  effect  of  these  nonidealities  of  the  “on 
resistance”  by  minimizing  the  on-resistance.  This  can  be  achieved  by  making  the  channel 
lengths  of  the  pass-transistors  minimum  length.  Making  the  devices  minimum  length 
introduces  troublesome  short-channel  effects.  The  hand-analysis  shown  above  does  not 
attempt  to  incorporate  all  of  the  short  channel  affects  that  typically  plagues  IC  designers. 
A  more  detailed  analysis  of  these  switches  using  the  circuit  simulator  SPICE  follows. 


SPICE  Analysis  of  n-  and  p-Channel  Switches 

With  SPICE,  the  small-signal  equivalent  resistance  can  be  computed  by  cascading  the 
analog  switch  with  a  ideal  independent  voltage  source  V5,  and  then  performing  a  transfer 
function  analysis  on  this  network  for  various  values  of  V5,  as  shown  in  Fig.  2.2-13a.  In  this 
analysis  SPICE  first  determines  the  DC  operating  point  for  the  circuit  and  then  computes 
the  small-signal  model  parameters  for  each  of  the  MOSFET’s.  From  this  small-signal 
model  then  the  input  resistance  (on-resistance)  and  other  two  port  characteristics  can  be 
computed. 

An  alternative  analysis  technique  is  to  cascade  the  analog  switch  with  a  linear  resistor 
Rbig  of  value  approximately  10 x  the  expected  on-resistance  of  the  analog  switch,  as  shown 
in  Fig.  2.2-13b.  This  will  allow  the  switch  S,  to  both  fioat  up  and  down  as  a  function  of 
the  instanteous  voltage  vs,  thus  modulating  the  bulk  effect  of  each  of  the  pass-cransistors. 
Furthermore,  the  resistor  Rbig  limits  the  voltage  drop  across  the  switch  and  closely  models 
the  typical  RC  type  relationship  present  in  the  S/H  architectures,  without  the  phase 
shifting  or  frequency  dependent  components.  Thus,  if  we  excite  this  system  with  a  large- 
amplitude  {±2V)  low-frequency  {IkHz)  sinusoid,  the  instanteous  voltage  drop  across  the 
switch  VDS  &nd  the  instanteous  current  through  the  switch  tp  can  be  simulated  from 
SPICE.  The  effective  instanteous  on-resistamce  can  be  computed  from  the  ratio  Ton  = 
VDsftD’  Though  this  is  not  exactly  equivalent  to  the  small-signal  analysis  technique, 
the  results  are  expected  to  be  comparable.  Note:  this  second  technique  has  numerical 
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resolution  problems  near  vs  =  OV,  since  at  this  value  both  the  current  ip  and  voltage 
drop  vds  approach  lero.  This  problem  can  be  solved  by  applying  a  DC  offset  voltage 
to  the  base  of  Rbig  and  thus  moving  the  discontinuity  to  a  location  out  of  the  range  of 
interest. 

The  graph  shown  in  Fig.  2.2-14  compares  the  three  equivalent  on-resistances: 

(1)  Theoretical  —  The  small-signal  on-resistance  computed  from  theoretical  hand- 
calculations,  shown  in  Eqs.  (2.2-40)  through  (2.2-42). 

(2)  Linearized  —  The  small-signal  linearized  on-resistance  simulated  by  a  small- 
signal  SPICE  analysis  or  transfer  function  characterization  technique. 

(3)  Instanteous  —  The  instanteous  on-resistance  simulated  by  a  large-signal  SPICE 
transient-analysis. 

More  specifically  the  plots  shown  in  Figs.  2.2-14a  and  2.2-14b  are  plots  of  the  effective 
on-resistance  of  a  single  n-channel  and  p-channel  pass-transistors  with  L  =  Zfim  and 
W  =  4^m,  as  a  function  of  the  bias  voltage  Vs,  with  a  ±5V  power  supply  and  the  gate 
voltage  at  the  appropriate  rail.  The  SPICE  parameters  used  in  these  simulations  are  shown 
in  Appendix-A. 

The  two  SPICE  simulation  techniques  agreed  quite  well  with  each  other  for  the  pass- 
transistors  biased  in  the  active  region,  but  once  the  devices  started  turning  “off”  or  entering 
weak-inversion,  the  two  curves  started  separating  some,  since  the  large  signal  simulation 
allowed  the  vds  to  be  non-zero  and  the  small-signal  simulation  did  not.  Furthermore  the 
modeling  of  the  weak-inversion  region  of  MOS  devices  is  poorly  implemented  in  earlier 
versions  of  SPICE.  This  variation  was  expected.  Lastly,  the  simulation  near  the  edges 
where  the  bulk-effect  dominates  the  circuit  performance  is  not  expected  to  be  accurately 
depicted  in  Fig.  2.2-14,  since  the  SPICE  parameters  NSUB  and  GAMMA  are  suspected 
to  be  grossly  mis-estimated  by  MOSIS,  as  previously  discussed. 

The  hand-calculated  results  discussed  earlier  agreed  in  basic  trends  as  can  be  seen 
from  Fig.  2.2-14,  but  quantitatively  differ  as  described  below. 

(a)  The  bulk-effect  started  affecting  the  devices  on-resistances  at  a  much  lower  bias 
voltage  than  is  predicted  by  the  SPICE  simulation.  This  is  particularly  noticable 
in  the  p-channel  device. 

(b)  When  the  bulk-effect  is  non-dominate,  the  simulated  on  resistance  differs  from 
that  of  the  hand  analysis  by  about  20%. 

The  differences  between  hand-calculations  and  the  simulated  results  can  primarily  be  at¬ 
tributed  to  the  specific  SPICE  parameters  MOSIS  supplies.  Ideally,  the  SPICE  simulation 
should  more  accurately  represent  the  physical  system,  although  this  accuracy  remains  in 
question  for  these  specific  SPICE  paremeters. 
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(b)  p-A*.hannel  {L  —  Zfim,  W  =  4/im) 

Fig.  2.2-14.  Effective  on-resistance  of  an  single  pass-transistor 
MOSFET  as  a  function  of  the  biasing  Vg. 


On-Resistance  Model 


Motivated  by  the  modeling  problems  in  and  near  the  weak  inversion  region  of  the 
MOSFET  I-V  characteristics,  only  the  region  near  Vg  =  OK  will  be  considered.  This 
region  coincides  with  the  middle  of  the  normal  operating  region  for  this  device.  In  this 
region,  both  the  n-  and  p-channel  transistor’s  on-resistance  varies  linearly  with  Ks,  as 
is  shown  in  Figs.  2.2-14a  and  2.2-14b.  Thus  consider  the  following  macro-model  for  the 
small-signal  voltage  dependent  on-resistance,  fon. 


where 


Ton  «  Tono  (1  +  rnvsVs) 


^Oflo 

mvs 


def 


’^ono 


SVs 


Vs=OV 


(2.2  -  43a) 


(2.2  -  436) 
(2.2  -  43c) 


Here  ro„,  represents  the  nominal  value  of  r<,n,  while  the  model  parameter  myg  represents 
the  slope  of  the  normalized  ran  as  a  function  of  K5.  This  macro-model  will  be  used  to 
model  the  l'*-order  nonlinearities  associated  with  the  on-resistance  of  the  simple  analog 
switches.  The  parameter  myg  can  be  thought  of  as  a  figure  of  merit  for  characterizing 
nonlinearly  of  analog  switches  with  good  linearity  corresponding  to  small  values  of  myg . 

These  macro-model  parameters  were  extracted  from  the  previous  results  based  upon 
both  theoretical  hand-calculations  and  repeated  small-signal  linearized  SPICE  simulations 
for  different  quiescent  values  of  Vg.  These  parameters  are  shown  in  Table  2  2-10. 

Comments: 

(a)  As  discussed  before,  the  theoretical  hand-calculation  agreed  quite  well  with  the 
small-signal  SPICE  simulation  for  the  n-channel  MOSFET,  showing  almost  iden¬ 
tical  slope  with  a  20^  increase  in  nominal  on-resistance.  The  p-channel  charac¬ 
teristics  differed  significantly  between  the  two  approximation  techniques  with  a 
50%  decrease  in  slope  observed  for  the  simulation  relative  to  the  theoretical. 

(b)  Observe  the  change  in  slope  my^  and  the  nominal  on-resistance  between  the 
two  n-channel  transistors  and  also  between  to  the  two  p-channel  devices.  This 
shows  that  the  n-channel  transistor  is  less  influenced  by  short-channel  effects  with 
a  20%  change  p  my^  and  a  25%  change  in  r^n, ,  than  the  p-channel  transistor 
with  a  45%  change  in  my^  and  a  40%  change  in  ron„. 

(c)  The  floating-well  n-channel  transistor  showed  a  40%  decrease  m  the  nominal 
on-resistance  in  comparison  to  the  regular  n-channel  transistor  with  the  same 
device  sizes.  This  can  be  attributed  to  the  bulk-effect  sweeping  majority  carriers 
(e~)  out  of  the  channel.  Also  the  nonlinearity  or  slope  of  »’<,n  was  decreased  50%. 


# 


Table  2.2-10.  l**-Order  nonlinear  model  for  the  p-  and  n-channel  simple  analog  switches. 


Device  | 

Theoretical 

Linearized 

Type 

W 

HEII 

^  otic 

warn 

^on« 

mv. 

n-channel 

4fjim 

Znm 

9.5BkQ 

+0.51 

10.70*0 

+0.59 

n-channel 

12/xm 

9/im 

lO.TOikn 

+0.59 

16.20*0 

+0.37 

p-channel 

ifim 

Zfim 

16.20jkn 

-0.37 

8.01*0 

-0.35 

p-channel 

iOfim 

ZOum 

17.94Jkn 

-0.43 

24.78*0 

-0.35 

Boating  n-chan. 

4nm 

Zfim 

8.oi*n 

+0.35 

4.41*0 

+0.23 
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This  is  noteworthy  since  this  shows  that  for  a  complex  model  that  includes  bulk- 
effects,  short-channel  effects  and  other  complexities;  the  nonlinearity  due  to  the 
Ves  dependencies  of  Eq.  2.2-39  contributes  50%  of  the  overall  error. 


Complimentary  Analog  Switches 


In  the  previous  section,  we  analyzed  the  single  device  pass-transistor  architectures 
and  attempted  to  determined  the  overall  variation  in  on-resistance  as  a  function  of  the 
DC  biasing  of  the  source  node.  In  this  section  the  complimentary  analog  switches  of  Fig. 
2.2-1  Ic  and  d  will  be  studied.  In  each  of  the  single  device  architectures,  the  designer  has 
only  the  width  and  length  parameters  available  for  optimizing  performance  with  the  W /L 
ratio  fixed  by  specified  on  resistance.  If  the  length  is  assumed  minimum,  to  minimize 
on  impedance,  the  designer  has  no  free  parameters  for  optimizing  performance.  In  the 
case  of  the  complimentary  switches  of  Fig.  2.2-1  Ic,  the  designer  has  control  of  the  four 
geometrical  device  sizing  parameters,  Lp,  Ln»  and  Wn-  With  Lp  and  Ln  fixed  at 
3/im  to  minimize  on  resistance,  the  ratio  vVpjWn  and  the  width  are  convenient  free 
variables.  We  shall  refer  to  this  ratio,  WpjWn,  as  “a”. 


a 


Wn* 


(2.2  -  44) 


The  overall  on-conductance  Qnp  of  the  parallel  combination  of  the  two  on-conduct¬ 
ance  per  unit  width  of  the  n-channel  transistor  is,  ideally,  expressed  as  follows  in  terms  of 
a: 

9np  ~  ffn  "h  ^9p  (2.2  45) 

where  gn  and  gp  represents  the  unit  voltage  dependent  on-conductance  for  the  n-  and 
p-channel  MOSFETs  with  unit  channel-widths  and  channel-lengths  of  4^m  and  3/um 
respectively. 

To  better  illustrate  how  the  complimentary  analog  switch  has  an  improved  linear¬ 
ity  over  the  single  pass-transistor  class  of  switches,  a  family  of  plots  of  the  effective  unit 
on-resistance  of  the  standard  analog  switch  as  a  function  of  both  the  source  voltage  Vs 
and  the  design  parameter  a  is  shown  in  Fig.  2.2-15.  This  plot  was  based  upon  the  re¬ 
sults  discussed  previously  in  which  the  on-resistances  of  the  discrete  pass-  transistors  was 
computed  from  multiple  small-signal  transfer  function  SPICE  analysis.  From  these  plots 
it  becomes  evident  that  the  design  parameter  a  is  a  useful  design  tool  for  minimizing 
on-resistance  nonlinearities. 


Minimization  of  On-Resistance  Nonlinearities 

There  are  three  techniques  presented  here  for  minimizing  the  nonlinearities  of  the 
on-resistance  of  the  complimentary  devices,  which  are  as  follows: 
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Theoretical  Approach  —  From  equations  (2.2->40a)  and  (2.2--40b)  can  be  com¬ 
puted  as  follows; 


?np  =^n  (5  -  K5  -  Vro,  -  In  (v/^  +  Ks+S  -  V^)) 

+  a/Jp  ^5  +  Ks  -  -  '7p  -  Ky  +  5  -  V^)) 


(2.2  -  46) 


This  equation  can  be  broken  into  two  parts:  a  portion  independent  of  V5  and  a  portion 
dependent  upon  V5,  i.e., 

=  /?n  (5  -  +  nfnv/^)  +  a^p  (s  -  +  1fp\/^) 

-  ('7n^n  +  Qt^p^p)\/^  +  5  (2.2  -  47) 

5ip‘’"^{v'5)  =  V^5(/3n  -  0/?p)  -  '1n0nWrl>  +  Vs^h  -  V"^) 

-  -  Vs  +  5  -  >/^  +  5)  (2.2  -  48) 


where  ^np”^  is  the  linear  on-conductancc  component  and  is  the  nonlinear  component 
expressed  m  a  function  of  V,. 

Before  we  attempt  to  minimize  effects,  this  function  was  first  normalized  with 

respect  to  the  average  conductance  ynpo  defined  as 


Qnp,  ^r.plv.^.^0  =  (5  -  ^ro„  "  7n  (>/^  +  5  -  V^)) 

-i-  o:/?p  (5  -  -  7p  (\/V'  +  5  - 


Assuming  t/>  «  .6V,  this  equation  reduces  to 

gnp,  -  1.5927n)  +  a0p  (5  -  -  1.5927p) 


(2.2  -  49) 


The  normalized  nonlinear  conductance  shall  be  referred  to  as  gnp^^K  and  is  defined 
by  the  equation 


Jnon) 

-(non)  _  J^P 

9npo 


(2,2  -  50) 


Comments: 

(a)  For  lau^ge  reverse  bias  voltages  across  the  source-diffusion/bulk  junction  the  ef¬ 
fective  Vth  of  the  MOS  device  increases  due  to  the  bulk  effect,  thus  reducing 
the  Vqs  ~  Vtk  across  the  gate  and  forcing  the  device  into  the  poorly  modelled 
weak-inversion  region.  In  order  to  avoid  this  region  and  the  inaccuracies  associ¬ 
ated  with  a  simplified  hand-analysis,  only  those  values  of  Vs  near  zero  will  be 
considered. 
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(b)  In  Eq.  {2.2-48)  the  nonlinear  component  is  composed  of  two  parts,  (a)  the  Vas 
component,  Vs{0n  -  oi0p)  and  (b)  the  Vbs  term  or  7-effect  component. 

(c)  Of  these  two  parts,  the  Vqs  component  is  well  modeled,  while  the  7  component 
is  not.  The  MOSIS  process  parameters  used  in  the  Vqs  component  are  easily 
extracted  from  experimental  data  and  thus  expected  to  depict  the  process  and 
this  aspect  of  the  analysis  accurately.  The  process  parameters  associated  with 
the  7  component  are  not  easily  extracted. 

Because  of  the  above  comments,  it  was  decided  to  minimize  or  cancel  only  the  1**- 
order  effects  (i.e.,  Vc;5  component)  with  the  design  parameter  a.  More  precisely  this  is 
accomplished  by  taking  the  following  limite  and  solving  for  a. 


lim 

Vs-*Q 


SVs 


=  0, 


(2.2  -  51a) 


where  is  defined  in  eqs.  (2.2-48)  and  (2.2-50).  Thus  using  the  process  parameters 

found  in  Appendix-A,  we  find 


(2.2  -  516) 


SPICE  Simulation  Min/Max  Technique  —  Another  approach  to  minimizing  the 
nonlinearities  contributed  by  the  voltage  dependent  on-resistances  of  the  analog  switch,  is 
to  compute  the  effective  on-resistance  from  either  of  the  three  methods  of  approximating 
this  impedance,  (i.e,  theoretical  hand  analysis,  small-signal  linearized  SPICE  simulation, 
large-signal  instanteous  SPICE  simulation),  as  illustrated  by  the  family  of  curves  shown 
in  Fig,  2.2-15. 


The  following  heuristic  figure  of  merit  a  for  characterizing  the  presence  of  voltage 
dependencies  on  a  resistor  will  be  used  to  characterize  the  complimentary  switches. 


a  =  100%  X 


row(V5=-2V)  -  r„n(V5=+2V) 
ro»(v5=ov) 


(2.2  -  52) 


This  figure  of  merit  characterizes  the  worstcase  variation  in  the  on-resistance  normalized 
relative  to  the  nominal  value  of  Ton  at  V5  =  OK.  This  is  useful  when  the  on-resistance 
Ton  as  a  function  of  the  K5  is  a  monotonic  function,  as  illustrated  by  the  smooth  nearly 
flat  curves  shown  in  Fig,  2.2-15.  When  Ton  is  almost  linear,  the  monotonicity  can  not  be 
ascertained  from  the  curves  shown  in  Fig.  2,2-15  but  in  this  case,  the  nonlinearity  would 
be  very  small  anyway, 

A  plot  of  a  versus  a  for  each  of  the  three  approximation  techniques  is  shown  in 
Fig.  2.2-16a,  The  following  comments  can  be  made. 


# 
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Comments: 


(a)  The  small-signal  “linearized*  and  large-signal  “instanteous*  SPICE  simulations 
agreed  fairly  well,  recommending  channel-width  ratios  around  5  with  a  corre¬ 
sponding  figure  of  merit  of  less  than  10%  deviation  from  the  nominal  value. 

(b)  a  for  the  two  SPICE  approximations  was  fairly  insensitive  to  variation  in  a,  as 
signided  by  the  broad  shallow  dip  around  ck  =  5,  and  thus  the  optimal  a  is  fairly 
insensitive  to  large  process  variation  associated  with  the  process  parameters  which 
contribute  to  this  nonlinearity. 

(c)  Hypothetically  the  relative  variation  in  fon  could  be  minimized  to  approximately 
1%,  given  an  exact  characterization  and  modeling  of  the  process  was  known  a 
prior  to  fabrication.  Obviously  this  is  not  practical,  but  it  does  bring  out  the 
point  that  the  more  exact  our  model  is  and  the  finer  the  control  of  the  process  is, 
the  better  the  circuit  performance  can  be  predicted  and  designed,  thus  yielding 
a  highly  linearized  analog  switch. 

(d)  The  “theoretical”  hand-calculations  differed  significantly  from  the  SPICE  simu¬ 
lated  approximations  in  the  sense  the  optimal  a  was  approximately  2.4  and  was 
much  more  sensitive  to  process  variation.  This  can  be  attributed  to  the  increased 
sensitivity  to  the  bulk-effect  as  was  illustrated  in  the  Fig.  2.2-14a  and  2.2-14b. 

(e)  The  optimal  a  for  the  theoretical  curve  was  very  close  to  that  predicted  by  the 
earlier  hand-calculation  presented  in  Eq.  (2.2-51)  (i.e.,  a  =  2.2). 

The  floating-well  complimentary  switch  was  compared  to  the  regular  complimentary 
switch  via  the  small-signal  SPICE  simulation  approximation.  The  results  of  this  compar¬ 
ison  are  shown  in  Fig.  2.2-16b, 

Comments: 

(a)  Both  curves  look  almost  identical  in  shape. 

(b)  The  floating-well  complimentary  switch  showed  an  optimal  value  for  a  around  4 
instead  of  5  as  before. 

(c)  Since  there  was  no  noticeable  increase  in  the  overall  linearity  of  the  analog  switch, 
utilization  of  this  more  complex  structure  (floating-well)  is  not  particularly  jus¬ 
tifiable.  This  was  not  as  expected  and  implies  that  the  bulk-effect  was  non- 
dominate.  The  hand-analysis  should  include  a  more  elaborate  model  for  short- 
channel  effects  to  more  closely  predict  these  simulated  results. 

SPICE  Simulation  Slope  Technique  —  Motivated  by  the  modeling  problems  in 
and  near  the  weak  inversion  region  of  the  MOSFET I-V  characteristics;  the  l**-order  non¬ 
linear  model  developed  previously  and  shown  in  Eq.  (2.2-43)  and  tabulated  in  Table  2.2-10 
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will  b«  used  to  develop  this  equivalent  model  for  the  complimentary  analog  switches. 

Let  the  n-  and  p-channel  devices  be  modeled  by  the  following  equations: 

(1  +  m»Vs)  (2,2  -  53a) 

fp  «  ifp.  (1  4-  mpVs)  (2.2  -  536) 

a 

where  and  fp,  represent  the  nominal  value  of  Ton  formerly  referred  to  as  tono  • 
the  terms  rrin  and  trip  represent  the  slope  of  the  normalized  on-resistance,  formerly  my,* 


Now  the  effective  on-resistance  r^p  of  the  complimentary  analog  switch  can  be  ex¬ 
pressed  as  the  parallel  combination  of  these  two  models,  or  rather 


_  _ 

'np  ~  “z  7-"^“ 

Tn-^Tp 


(2.2  -  54o) 
(2.2  -  546) 


_  fn„rp^  (1  +  mnVs)  (1  +  mpVg) 

(arn„  +  Tp  J  +  (ofn^mn  +  rp^TTlp)  V5  ‘ 

Therefore  the  slope  of  the  normalized  on-resistance  of  the  complimentary  switch  at  Vs  = 
OV'  is  as  follows:  ^ 

(2.2 -55a) 

V5=0V  OU'no  + 


def 
m^p  — 


SVs 


where 


^npo  — 


fn^fnp 


(2.2  -  556) 


Po 


This  slope  represents  the  l'‘-order  nonlinearity  of  the  on-resistance  of  the  complimentary 
sw  itch  as  a  function  of  the  l*‘-order  nonlinearities  of  the  n-  and  p-channel  pass-transistors. 
To  minimize  this  nonideality  via  the  design  parameter  a 


let  rrinp  =  0  and  solve  for  the  corresponding  a,  i.e., 


mpfn. 


(2.2  -  56) 


Note  this  technique  eliminates  nonlinearities  near  the  middle  of  the  input  voltage  swing 
and  not  for  the  full  range  signals,  a  was  computed  from  Eq.  (2.2-56)  and  the  model  data 
contained  in  Table  2.2-10.  These  results  are  presented  in  Table  2.2-11. 


The  n-channel  device  sizes  and  the  p-channel  length  shown  in  Table  2.2-11,  indicate 
the  intended  sizes,  while  the  width  of  the  p-channel  is  intended  to  be  multiplied  by  a  for 
optimal  performance.  Note  also  the  channel-widths  of  both  the  n-  and  p-channel  device 
can  be  scaled  up  together  to  decrease  the  on-resistance  of  the  complimentary  switch,  as 
long  as  the  ratio  remains  constant. 

This  analysis  agrees  quite  well  with  that  predicted  by  the  “SPICE  Simulation  Min/Max 
Technique”. 
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Table  2.2-11.  Optimal  design  values  for  a  based  upon  Eq.  (2.2-56)  and  the  para> 
metric  data  contained  in  Table  2.2-10  as  a  function  of  the  switch 
type  and  the  unit  device  size  prior  to  scaling  by  a. 


Switch 

Type 

n-chan 

p-chan 

a 

W 

L 

W 

L 

Theoretical 

Linearized 

Standard 

4/im 

3/im 

4^m 

3fim 

2.3 

5.1 

Floating 

ifim 

4pm 

3pm 

1.9 

4.0 

Standard 

12fim 

9f*m 

40pm 

30pm 

_ 2,3 _ 

4.3 

2.2-70 


Conclusions 


The  results  presented  here  show  a  large  shallow  minimum  associated  with  determining 
the  ‘^optimal”  alpha's.  From  the  evidence  presented  in  this  section  the  following  observa¬ 
tions  can  be  made: 

(1)  The  optimum  a  lies  somewhere  in  the  range  of  2.2  to  5,  with  an  associated  error 
(o)  somewhere  in  the  range  of  30-50%.  The  recommended  value  for  a  is  3.2  with 
a  corresponding  expected  value  for  a  of  30%,  as  approximated  by  the  intersection 
of  the  “theoretical”  and  “instanteous”  curves,  as  shown  in  Fig.  2.2-16a. 

(2)  The  validity  of  the  MOSIS  SPICE  model  parameters  for  this  type  of  analysis  are 
questioned. 

(3)  The  optimum  a  can  be  extracted  from  experimental  measurements  as  those  an¬ 
ticipated  from  the  test  vehicle  discussed  in  section  5.16. 

(4)  If  a  circuit  design  relies  on  matching  or  exact  device  sizes  to  cancel  out  these 
complex  nonlinearities,  the  design  is  doomed  from  the  start.  This  should  only 
emphasis  how  important  it  is  that  this  nonideality  be  designed  oul  instead  of 
designed  with. 

Voltage  Dependent  Diffusion  Capacitor  Nonlinearities: 

The  basic  MOS  technology  depends  upon  the  source  and  drain  diffusions  being  re¬ 
versed  biased  with  respect  to  the  bulk  or  well,  thus  providing  isolation  from  the  bulk/well 
and  also  preventing  unwanted  large  forward  biased  currents,  .\ccompanying  these  diffu¬ 
sions  is  a  parasitic  capacitance  formed  by  the  depletion  region  surrounding  each  of  these 
reversed  biased  p/n-junctions.  This  parasitic  capacitance  has  two  dominant  effects  on 
switch  performance: 

(1)  It  adds  extraneous  load  capacitance  to  internal  nodes  of  the  analog  network,  thus 
resulting  in  additional  parasitic  poles. 

(2)  The  value  of  this  parasitic  capacitance  is  highly  dependent  upon  the  magnitude 
of  the  reverse  bias  across  the  p/n-junction  and  thus  injects  voltage  dependent 
nonlinearities  in  the  host  network. 

This  section  focuses  on  the  magnitude  of  these  nonidealities  and  on  layout  strategies 
to  minimize  their  effects. 

Since  this  parasitic  capacitor  is  voltage  dependent,  it  can  be  treated  as  any  other 
nonlinear  device  by 

(a)  determining  the  DC  bias  point  (i.e.,  the  amount  of  reverse  bias  across  the  p/n- 
junction,  which  shall  be  referred  to  as  Vgs  or  bulk-source  voltage) 
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(b)  computing  ita  effective  amall-eign&i  linearized  AC  equivalent  parasitic  capacitance 
Cpar  about  this  operating  point,  such  that 


(2.2  -  57) 


where  Qj  represents  the  charge  stored  in  the  diffusion  region  and  Vbs  is  the 
voltage  drop  across  the  capacitor. 


Theory 

This  parasitic  capacitance  is  well  characterized  by  existing  models,  and  the  corre¬ 
sponding  process  characterization  parameters  are  easily  extracted  from  experimental  data. 
This  capacitance  is  typically  broken  into  two  parts,  (1)  a  sidewall  capacitance  which  is  a 
function  of  the  perimeter  of  the  diffusion  and  (2)  a  bottom  plate  capacitor  which  is  a 
function  of  the  lateral  junction  area  Aj.  These  parasitic  capacitances  have  different  char¬ 
acteristics  because  of  a  field  implant  surrounding  the  perimeter  Pj  of  the  diffusion.  Also 
because  of  this  implant  the  perimeter  does  not  include  the  perimeter  adjacent  to  the  chan¬ 
nel  [20j. 


The  capacitance  model  [19]  is  as  follows: 


(2.2  -  58) 


where  the  process  is  specified  by  five  constants:  Cj  the  zero-bias  bottom  junction  capac¬ 
itance  density  (per  unit  junc  on  area),  C;,«,  the  zero-bias  junction  sidewall  capacitance 
density  (per  unit  perimeter  length),  Mj  the  bottom  grading  coefficient,  Mjtui  the  grading 
coefficient  of  the  sidewall,  and  is  the  bulk  junction  potential  (typically  0.8V). 

For  the  MOSIS  3fj,  CMOS  process  the  area  and  perimeter  of  the  source  and  drain  can 
be  related  to  the  channel-width  of  the  MOS  device  for  a  minimum  size  layout.  It  will  be 
assumed  that  the  drain  and  source  perimeters  and  areas  are  characterized  by  the  equations 


Small  Devices:  W  <  7/im 


Ad  =  As  =  +  [2nm)W 

Pd  =  Ps  —  32/xm  -  W 


(2.2  -  59a) 
(2.2  -  596) 


Medium  Devices:  Turn  <  W  50/im 


Ad  =  A5  =  {%nm)W 
Pd  —  Ps  =  ^ 


(2.2  -  59c) 
(2.2  -  59d) 
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Large  Devicei:  tV  >-  50/im 


Ad  =  {%nm)W 

(2.2  -  59«) 

As  =  ^ 

(2.2  -  59/) 

Pq  =iW  +  32pm 

(2.2  -  59?) 

Ps  =  18pm 

(2.2  -  59/i) 

Simulation 

From  this  theory,  and  p"^  diffusion  capacitors  were  simulated  with  channel-widths 
of  8pm  over  the  full  scale  range  of  ±2V  with  the  bulks  at  ±SV .  The  results  of  these  two 
simulation  are  shown  in  Fig.  2.2-17  and  are  labeled  C„  and  Cp. 

Comments: 

(1)  For  the  n-type  diffusion,  as  Vs  was  increased,  the  junction  formed  by  the 
diffusion  and  the  p~  bulk/well  at  — 5V  became  increasingly  reversed  bieised.  This 
increases  the  width  of  the  depletion  region  surrounding  the  junction  and  thus 
decreases  the  small-signal  capacitance  Cn- 

(2)  Similarly,  the  p-type  diffusion  exhibited  a  increase  in  capacitance  Cp  as  Vs  was 
increased,  since  this  was  decreasing  the  reverse-bias. 

(3)  By  placing  the  two  nonlinear  capacitors  in  parallel  the  parasitic  effects  tended 
to  cancel  e2u:h  other,  in  a  similar  manner  as  did  the  on-resistance  nonlinearities 
cancel  in  complimentary  switch.  Note:  It  is  very  common  in  analog  IC  design  for 
internal  nodes  to  have  both  a  parasitic  n'^  and  p'*'  diffusions  attached.  This  is 
illustrated  by  the  plot  of  C„p  in  Fig.  2.2-17  which  is  j  of  the  parallel  combination 
of  Cp  and  Cn,  each  sized  at  8  x  8pm^. 

(4)  The  optimal  ratio  between  the  area  of  the  diffusion  and  the  area  of  the  p"*" 
diffusion  is  approximately  1:1. 


Conclusions 

The  overall  percent  change  in  Cn  with  respect  to  the  nominal  capacitance  Cn„  defined 
as  Cn  at  Vs  =  OV  over  a  ±2V  range,  was  as  follows  along  with  corresponding  results  for 
Cp  and  Cp„. 

ACn  =  32%  ACp  =  31%  ACnp  =  5%  (2.2  -  60a) 

A  6x  improvement  can  be  gained  by  sizing  the  p'*’  and  n"^  diffusions  the  same  size,  with 
an  approximate  parasitic  capacitance  of 
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Para* 


V, .  Volt* 


Fig.  2.2-17. 


to  ground  with  the  bulks  at  ±5V  (C  t  n+ dT 

diffusion  and  Cnp  =>  £*|c^)  ^  ^  diffusion,  Cp  =^.  p+ 
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(2.2  -  606) 


1  /y 


Clock  Feed  Through  Effects: 

The  clock  feed  through  problem  originates  from  a  capacitive  coupling  between  the 
gate  and  the  channel  of  a  MOSFET.  This  coupling  allows  the  control  signal  which  turns 
the  device  '‘off'’  and  '‘on”  to  feed  through  into  source  and  drain  nodes.  In  applications 
where  the  switch  is  used  to  store  charge  on  a  capacitor,  which  is  regularly  required  in 
switched-capacitor  and  sample  and  hold  circuits,  this  feed  through  distorts  the  charge 
content  and  associated  potential  of  the  drain  and/or  source  nodes.  The  term  clock  or  clock 
feed  through  originated  from  the  two  phase  clock  controls  lines  found  in  switched  capacitor 
circuits,  which  has  been  a  driving  force  in  studying  this  phenomena  and  understanding  it. 

Before  this  problem  can  be  addressed,  the  coupling  capacitor  must  be  identified  and 
discussed.  This  coupling  capacitor  is  composed  of  two  components, 

(1)  the  overlap  capacitor  Cov  formed  between  the  edge  of  the  polysilicon  gate  and 

the  portion  of  the  source  and  drain  diffusions  that  have  laterally  diffused  under 
the  gate  (typically  i/zm  -  and 

(2)  the  gate  capacitor  Cq  formed  between  the  gate  and  the  conductive  charge  in  the 
channel. 

The  first  capacitor  is  a  voltage  independent  parallel  plate  capacitor  tied  between  both 
the  gate  and  source  nodes  and  the  gate  and  drain  nodes  of  value 

Cov  =  CorWLp  =  (2.2  -  61) 

•*  OX 

where  W  is  the  channel-width,  Ld  is  the  lateral  diffusion  length,  Cox  is  the  permittivity 
of  Si02,  and  Tox  is  the  thickness  of  the  oxide. 

The  second  type  of  capacitor  is  operation  region  dependent  and  is  complicated  by 
the  concept  of  a  channel  and  how  it  relates  to  the  four  terminals  of  a  MOS  device.  For 
instance,  if  an  NMOS  transistor  is  “off”,  meaning  that  the  gate  is  at  a  low  potential,  then 
the  gate  depletes  the  concentration  of  majority  carriers  in  the  region  underneath  the  gate 
or  channel  to  the  point  the  channel  is  non-conductive.  Since  the  available  free  minority 
carrier  (holes)  concentration  is  minuscule,  there  is  no  attributable  charge  in  the  channel. 
But  now  if  we  slowly  turn  “on”  the  device  by  increasing  the  gate  potential,  electrons  will 
collect  in  the  channel.  Thus  if  we  assume  this  charge  is  evenly  distributed  underneath  the 
channel,  or  rather  that  the  source  and  drain  nodes  are  at  the  same  potential,  then  the 
effective  gate  capacitance  is  a  function  of  the  width  and  length  of  the  gate  and  the  oxide 
thickness,  given  by  the  expression 

Cg  =  CoxWL.  (2.2  -  62) 
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where  W  and  L  are  the  width  and  length  of  the  channel,  and  Cos  Is  the  gate  capacitance 
density.  This  distributed  capacitance  is  typically  lumped  for  analysis  purposes  by  dividing 
it  equally  between  the  source  and  drain  nodes  such  that, 


Cgs  =  Cgd  =  ICosWL-^-Cov^ 

it 


(2.2  -  63) 


Now  if  the  source  and  drain  nodes  are  no  longer  constrained  to  be  at  the  same  po¬ 
tential,  then  the  node  with  the  higher  potential  (commonly  referred  to  as  the  drain)  will 
attract  more  of  the  e“  towards  it  thus  cause  a  skewing  effect  in  charge  distribution.  If  the 
voltage  drop  between  the  source  and  drain  Vds  is  increased  even  more,  then  portions  of 
the  channel  near  the  drain  terminal  will  be  depleted  of  almost  ail  charge.  In  this  situation 
the  channel  is  “pinched  off”  and  the  device  is  now  operating  in  saturation.  In  this  mode 
it  is  a  standard  practice  to  attribute  |  of  the  gate  capacitance  Cg  with  the  source  node 
and  none  with  the  drain  node,  as  expressed  in  Eq.  (2.2-64)  [21). 


CGS  =  ^Cosy^h^Co^ 
Cgd  ~  C!o\j 


(2.2  -  64a) 
(2.2  -  646) 


Fortunately,  the  analog  switches  currently  under  investigation  are  assumed  to  have 
very  little  voltage  drop  across  the  pass-transistors,  and  thus  they  are  operating  in  the 
active  or  cutoff  regions,  and  particularly,  not  in  saturation. 

From  the  above  discussion  it  should  be  obvious  that  as  a  device  goes  from  the  “on” 
state  (active)  to  the  “off”  state  (cutoff)  the  distributed  charge  in  the  channel  must  be 
dissipated  to  the  source  and  drain  nodes.  If  we  think  of  the  channel  while  in  the  active¬ 
mode  as  a  conductor  shorting  the  source  and  drain  nodes,  then  when  the  gate  is  turned 
“off”  the  charge  in  the  channel  can  exit  by  either  path  (source  or  drain).  Thus  the  external 
impedcince  loading  of  the  source  and  drain  nodes  plays  a  vital  role  in  determining  how  this 
charge  is  redistributed.  The  concept  being  illustrated  here  is  that  if  the  gate  voltage 
is  instantaneously  turned  “off”,  the  charge  in  the  channel  becomes  highly  motivated  to 
evacuate  the  channel,  thus  taking  the  path  of  least  impedance.  For  example,  if  the  external 
load  impedance  differed  between  the  two  nodes  by  a  factor  of  two,  then  it  would  be 
expected  to  see  twice  as  much  charge  leave  by  the  way  of  least  impedance  over  the  other 
pathway.  The  worstcase  loading  would  result  in  the  entire  charge  Coz^LiVas  -  Vte) 
being  redistributed  onto  the  source  (drain)  node,  given  the  loading  impedance  on  the 
drain  (source)  node  is  so  great  that  it  restricted  the  flow  of  charge  in  this  direction. 

In  typical  S/H  applications  the  loading  impedance  on  the  source  and  drain  nodes 
of  the  analog  switch  are  predominately  capacitive,  thus  in  order  to  isolate  or  protect  a 
node  from  this  feed  through  effect,  additional  load  capacitance  can  be  added  to  the  other 
node.  This  phenomenon  is  discussed  well  in  references  [22],  [23],  and  [24],  and  illustrated 
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in  Fig.  2.2-19,  where  the  ratio  of  the  amount  of  charge  Qi  dumped  on  a  load  capacitor 
Cl  to  the  amount  of  charge  initially  present  in  the  channel  Qch  is  plotted  as  a  function 
of  (1)  the  ratio  the  source  capacitor  Cs  as  shown  in  Fig.  2.2-18  to  the  load  capacitor  Ci, 
and  (2)  the  fall  rate  of  the  clock  signal  expressed  as  a  dimension-less  quantity 


[Vii  -  Vtb)  (2-2  -  65a) 

where  V^e  is  the  effective  threshold  voltage,  0  —  liCox^,  and  U  is  the  fall  rate. 

Comments: 

(1)  For  slow  clock  transitions  the  charge  in  the  channel  had  ample  time  to  redistribute 
itself  before  much  charge  had  time  to  exit  the  channel  region,  as  evident  by  the 
left-hand  side  of  Fig.  2.2-19. 

(2)  For  a  fast  clock  transition  or  fail  time,  the  charge  in  the  channel  had  no  time  to 
redistribute,  and  thus  fled  this  region  by  the  path  of  least  impedance,  as  evident 
by  the  right-hand  side  of  Fig.  2.2-19. 


Complimentary  Analog  Switches 

Both  the  n-  and  p-channel  pass-transistors  are  subject  to  the  above  clock  feed  through 
phenomenon,  with  a  somewhat  cancelling  effect,  since  the  clock  signal  driving  the  n- 
channel  device  is  trying  to  inject  e~  onto  the  source  and  drain  nodes,  while  the  clock  of 
the  p-channel  transistor  is  trying  to  inject  holes  onto  these  nodes.  Unfortunately,  the  p- 
channel  device  is  typically  2-5  times  bigger  than  the  n-channel  device,  thus  this  cancelling 
effect  could  realistically  contribute  only  to  a  20-50%  reduction  in  clock  feed  through. 

The  above  description  of  the  complimentary  switch  is  over  simplified.  In  actuality,  the 
p-  and  n-channel  devices  do  not  switch  simultaneous,  thus  affecting  the  load  impedance 
seen  on  the  source  and  drain  nodes  as  the  first  device  turns  “off” .  This  effect  is  complex  to 
analyze,  involving  time  dependent  differential  equations  modeling  the  distributed  charge 
in  the  channel.  The  results  of  this  analysis  as  shown  in  Fig.  2.2-20,  show  the  amount  of 
switch  charge  injected  onto  a  5pF  load  capacitor  when  a  complimentary  switch  was  turned 
“off”,  as  a  function  of  the  time  delay  or  skew  between  the  n-channel  and  p-channel 
clock  waveforms,  as  a  function  of  the  n-channel  clock  rise  times  ta  for  a  fixed  p-channel 
clock  fall  times  top  =  lOrjsec  [24] . 

Comments: 

(l)  In  the  results  shown  in  Fig.  2.2-20,  the  p-channel  and  n-channel  pass-transistors 
had  the  same  size,  thus  for  equal  rise  times  and  fail  times,  and  for  a  clock  time 
delay  td  of  zero,  the  charge  injection  was  zero. 
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Fig.  2,2-18.  Test  circuit  for  modeling  the  clock  feed  through  effects  or  switch 
charge  injection  of  a  single  MOS  device  as  used  to  generate  the 
results  shown  in  Fig.  2.2-19.  Courtesy  of  the  Department  of  Elec¬ 
trical  Engineering  and  Information  Sciences  Institute,  University  of 
Southern  California  [23]. 


Fig.  2.2-19.  Percentage  of  channel  charge  Qch  injected  in  the  data-holding  node 
and  Cl,  for  the  test  circuit  shown  in  Fig.  2.2-18.  A  family  of  curves 
corresponding  to  various  Cs/Cl  ratios  (listed  to  right  of  curves) 
has  been  plotted.  Courtesy  of  the  Department  of  Electrical  Engi¬ 
neering  and  Information  Sciences  Institute,  University  of  Southern 
California  {23|. 


Fig.  2.2-20.  Theoretical  clock  feed  through  or  switch  charge  injection  onto  a 
bpF  load  capacitor  when  a  complimentary  switch  was  turned  “off” , 
as  a  function  of  the  time  delay  td  or  between  the  instants  the  n- 
channel  clock  starts  to  rise  and  the  instants  the  p-channel  clock 
signals  starting  to  fall,  both  with  the  intention  of  turning  off  their 
respective  device.  The  family  of  curves  shown  here  represents  dif¬ 
ferent  n-channel  clock  rise  times  ta  for  a  fixed  p-channel  clock  fall 
times  tap  =  10r;see.  Courtesy  of  Kath.  Universiteit  Leuven,  Dept. 
Elektrotechniek  [13]. 
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(2)  The  steep  transition  region  in  the  middle  of  each  of  these  curves  was  of  length 
slightly  smaller  than  the  sum  of  the  two  gate  rise  and  fail  times,  (i.e.,  ta  +  tap)- 
Thus  the  flat  regions  to  the  left  and  right  of  steep  transition  region  depicts  the 
worstcase  situation,  in  which  one  device  is  turned  “ofP  completely  prior  to  the 
other  transistor  starting  to  turn  “off*. 

(3)  These  plateaus  have  nearly  equal  heights,  supporting  the  hypothesis  that  the 
worstcase  charge  injection  is  for  the  case  of  a  single  n-channel  or  p-channel  tran¬ 
sistor  turning  "off”  by  itself.  The  equal  height  was  expected  since  the  device  sizes 
were  equal  and  the  Co*  parameter  is  constant  for  the  n-  and  p-type  devices. 


Conclusions 

The  clock  feed  through  effects  examined  here,  can  be  reduced  by  the  following  design 
strategies: 

(1)  Increase  the  load  capacitance  Cs  to  3-5  times  larger  than  the  data-holding  load 
capacitance  Cl.  This  should  approximately  reduce  the  feed  through  effect  by  a 
factor  of  3-5  compared  to  the  case  in  which  Cs  is  excluded  completely,  (assuming 
fast  clock  transitions). 

(2)  For  complimentary  switches,  time  the  pass-transistors  to  switch  at  exactly  the 
same  time,  with  as  fast  a  clock  transition  as  possible.  Furthermore  if  timing  jitter 
is  a  problem,  then  it  would  be  advantageous  to  switch  the  larger  device  off  first, 
since  this  device  has  more  charge  in  the  channel  to  feed  through.  Typically  the 
n-channel  pass-transistor  is  3  times  smaller  than  the  p-channel  device,  thus  by 
switching  the  p-channel  transistor  off  first,  would  reduce  the  clock  feed  through 
by  a  factor  of  3. 

(3)  Lastly,  make  the  devices  as  small  as  possible,  thus  restricting  the  amount  of 
available  charge  in  the  channel  to  feed  through. 

A  pesimistic  practical  estimate  of  this  coupling  capacitor  for  a  complimentary  switch 
would  correspond  to  the  entire  gate  to  channel  capacitance  of  the  n-channel  pass  transistor, 
(i.e.,  Cos  =  CoxWnLn  where  Wn  and  Ln  correspond  to  the  channel-length  and  -width 
of  the  n-channel  pass-transistor).  Typically  with  good  design  techniques  as  listed  above, 
this  number  can  be  reduced  at  least  by  a  feictor  of  2  and  possibly  as  much  as  a  factor  of  5 
or  10. 

In  light  of  the  intended  S/H  application  for  these  switches,  the  impact  of  the  charge 
injection  problem  appears  in  two  areas:  (1)  it  induces  a  DC  offset  voltage  V©,  on  the  hold 
capacitor  Cl\  and  (2)  this  offset  voltage  is  dependent  upon  the  instanteous  value  of  the 
source  voltage  vs,  which  causes  nonlinear  distortion  of  the  samples.  The  DC  offset  voltage 
can  be  canceled  out  by  the  Sampling  Algorithm,  but  the  voltage  dependence  or  nonlinear 
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distortion  can  not.  This  is  quantiBed  as  follows. 

Consider  the  charge  injected  by  the  gate-source  coupling  capacitor,  Cc5.  This  charge 

is  Qck  =  CasvcSi  where  vqs  Vq  -  vs  (typically  ZV-lV).  Vq  corresponds  to  the  DC 
“on”  gate  potential  (typically  either  ±5K),  and  vs  is  the  instanteous  source  potential. 
Thus  the  effective  offset  voltage  generated  by  Qch  being  dumped  on  to  the  load  or  holding 
capacitor  Ci  would  be 


Vot  -  Vqs 


Cos 


Vos  =  SV 


Cl 

Cgs 

Cl 


3V 


Cgs 

Cl 


<  Vo,  <  7V 


Cgs 

Cl 


±40%. 


(2.2  -  66a) 
(2.2  -  666) 


The  percent  variation  in  Vo,  relative  to  the  input-signal  range  of  4Vp-p  as  induced  by 
Vs  varying  between  ±2V^  is  quantized  as  follows  based  upon  Eq.  (2.2-66b): 


C  W  T 

AFo.  =  ±200-?*----^  (2-2  -  67) 

Cl 

The  impact  of  Vo,  variations  is  discussed  late  in  the  context  of  the  specific  S/H  architec¬ 
tures. 


Leakage  Current: 

The  source  and  drain  diffusions  associated  with  the  n-  and  p-channel  MOSFETs  are 
reverse-biased  p/n  Junctions,  each  with  an  associate  reverse-bias  leakage  current.  This 
leakage  current  is  primarily  a  function  of  the  area  of  the  diffusions,  and  is  determined  by  a 
complex  relationship  involving  surface  effects,  the  generation  and  recombination  of  carriers 
in  the  depletion  layer,  and  the  tunneling  of  carriers  between  states  in  the  bandgap  |25]. 
Because  of  this  complexity,  a  simplified  analysis  is  presented  below,  based  upon  Einstein’s 
relation  and  the  Shockley  equation.  In  this  model,  Jnv  represents  the  current  density  of 
the  reversed  biased  pn  junction  and  must  be  multiplied  by  the  junction  area  to  determine 
the  total  diode  current.  The  numerical  results  presented  here  were  derived  from  the  MOSIS 
process  parameters  as  contained  in  Appendix  A  and  experimental  measurements  on  the 
test  devices. 


Jrev  —  Jdiff  ±  Jgen  ^  0.28  ^ 


Jg,n  =  lq~Wj  =  0A64W, 
l  To 

kT 

Dp  =  Up —  =  1.2S  X  10~® 
9 


(S) 


(2.2  -  68o) 
(2,2  -  686) 
(2.2  -  68c) 
(2.2  -  68d) 
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Lp~\/DpTp=  77xlO"®(m) 

Ln  =  Vi>nTn  =  2.96  X  10~*  (m) 
Nd  =  3.01  X  10^® 

Na  =  1.458  X  10^® 


(2.2  -  68e) 

(2.2  -  68/) 
(2.2  -  68y) 
(2.2  -  6Sh) 
(2.2  -  68*) 


Here  the  overall  reverse-bias  current  deasity  J^ev  is  computed  as  a  function  of  two 
components:  (1)  the  reverse-biased  current  density  component  caused  by  minority  carriers 
diffusing  across  the  depletion  region  Jdifft  &nd  (2)  the  component  due  to  the  generation 
and  recombination  of  carriers  in  the  depletion  region  Jgen>  Of  these  two  components  it 
is  anticipated  that  the  diffusion  current  density  Jdi / /  will  dominate  over  the  recombina¬ 
tion/generation  component.  The  parameter  Wj  corresponding  to  the  junction  width  is 
unknown.  For  p'*'  diffusions  the  leakage  current  would  be  caused  by  e~  or  minority  car¬ 
riers  diffusing  across  the  depletion  region  towards  the  positive  rail  into  the  n-well/bulk. 
Similarly  the  leakage  current  in  n'*'  diffusions  are  characterized  as  holes  being  swept  into 
the  p-well/bulk  towards  the  negative  voltage  rail. 


Conclusions 

Because  of  the  basic  logistics  of  this  phenomenon,  as  discussed  above,  the  n"*"  and  p"*" 
diffusions  have  opposite  characteristics  —  one  is  trying  to  charge  up  a  node,  and  the  other 
is  trying  to  discharge  this  node.  Thus  in  the  case  of  complimentary  switches  the  presences 
of  both  n'*'  and  p"*"  diffusions  on  the  source/drain  nodes  of  the  analog  switch  implies  that 
there  is  some  inherent  cancellation  of  this  effect  associated  with  this  basic  architecture. 

In  light  of  the  specific  S/H  application,  the  analog  .switch  is  the  primary  cause  of 
charge  leaking  off  of  the  hold  capacitor,  but  there  is  one  physical  aspect  that  is  overlooked 
in  this  discussion;  and  that  is  for  charge  to  leak  off  of  a  capacitor,  both  the  top  plate  and 
bottom  plate  of  the  capacitor  must  have  current  paths  available.  Thus  if  one  side  of  the 
capacitor  is  much  better  isolated  than  the  other,  it  will  predominate  the  leakage  effect  and 
reduce  the  overall  leakage  current. 

The  leakage  current  for  both  p"*"  and  diffusions  has  been  estimated  around  0.28 


2.2.2.3b  Sample/Hold-1 

The  simplest  of  the  three  S/H  architectures,  referred  to  as  S/H-1,  is  described  here. 
This  is  followed  by  a  discussion  of  inherent  performance  limitations  of  this  structure. 
These  limitations  cause  minor  reductons  in  the  input  voltage  swing  and  major  reductions 
in  performance  at  high  frequencies.  Experimental  results  for  this  architecture  are  provided 
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in  Section  5.2  of  this  report. 

Description: 

The  circuit  schematic  for  the  S/H-1  cell  is  shown  in  Fig.  2.2-21a,  with  its  associated 
timing  diagram  contained  in  Fig.  2.2-21b.  When  the  Sample  signal  is  high,  the  S/H  is 
in  the  track-mode.  In  this  mode  of  operation  the  “sampling”  analog  switch  S,  is  turned 
“on”  and  the  input  signal  V,  is  connected  across  the  hold  capacitor  C/,.  In  this  mode  if 
the  analog  switch  S,  is  modeled  as  a  voltage  dependent  on-resistance  r,  as  discussed  in 
Section  2.2.2.3a,  then  the  circuit  can  be  reduced  to  an  equivalent  RC  network  as  shown  in 
Fig.  2.2-21C. 

When  the  Sample  signal  is  thrown  low,  the  analog  switch  S,  is  opened  and  the  hold 
capacitor  Ch  is  electrically  isolated  from  the  input  signal  V,.  This  transition  is  referred 
to  as  “sampling”,  and  the  resultant  mode  of  operation  termed  the  “hold-mode”.  The 
equivalent  circuit  in  this  mode  is  shown  in  Fig.  2.2-21d.  The  voltage  V|^  across  the  hold 
capacitor  is  ideally  the  instanteous  value  of  the  input  signal  grabbed  at  the  instance  the 
analog  switch  was  opened.  This  sample  and  held  voltage  Kit  is  buffered  by  an  Operational 
Amplifier  who’s  output  Vg  is  supplied  to  an  A/D  converter  for  conversion  into  a  digital 
word. 

The  capacitor  Ci  was  added  to  th“  network  to  help  reduce  the  clock  feed  through 
generated  by  turning  “off”  S,. 

The  analog  sampling  switch  5,  is  the  fioating-well  complimentary  analog  switch  shown 
in  Fig.  2.2-1  Id,  and  discussed  in  detail  in  Section  2.2.2.3a.  This  switch  was  designed  to 
mciximize  its  ability  to  linearly  track  a  high-frequency  input  signal  and  to  minimize  clock 
feed  through  during  the  sampling  transition.  The  sampling  switch  is  an  analog  transmission 
gate  compensated  for  signal  voltage  dependencies  in  the  on-resistance  of  the  switch  over 
±2K  operation.  This  nonlinearity  distorts  the  input  signal  being  sampled.  The  device  sizes 
for  this  analog  switch  and  the  associated  sample/hold  component  values  are  contained  in 
Table  2.2-21. 

Performance  Limitations: 

This  S/H  architecture  was  designed  in  accordance  with  DC  ASP-1,  thus  the  intended 
input  signal  swing  and  input  frequency  was  ±2V  and  2kHz  to  5MHz.  The  basic  motiva¬ 
tion  in  this  design  is  to  maximize  the  channel-to-channel  accuracy  of  “sampling”  large- 
amplitude  high-frequency  input  signals.  The  performance  limitations  shall  be  broken  down 
into  three  classifications,  track-mode,  sampling  transition,  and  hold-mode  limitations.  A 
discussion  of  these  limitations  for  this  S/H  structure  follows. 
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Fig.  2.2-21.  S/H-1 


Table  2.2-12.  Device  sizes  and  component  values  for  S/H-1 
circuit  schematic  of  Figures  2.2-21a  and  2.2-lld. 


2pF 


Track-Mode 


In  the  track-mode  the  performance  issue  at  hand  is  how  well  does  the  voltage  across 
the  hold  capacitor,  Vjn  track  the  input  signal  Vj.  The  primary  limitations  discussed  below 
are  the  channel-to-channel  gain  and  phase  mismatch  caused  by  (1)  voltage  dependencies  in 
the  on-resistance  of  the  analog  switch  and  (2)  the  voltage  dependencies  in  the  parasitic 
diffusion  capacitors  (associated  with  the  drain/source  diffusions  of  S,)  in  parallel  with  Ch- 
Before  these  nonidealities  can  be  addressed,  the  gain  and  phase  must  be  defined. 

The  on-resistance  of  S,  is  in  series  with  the  hold  capacitor  Ck-  If  the  circuit  is 
assumed  linear,  this  switch  impedance  produces  a  single  pole  at  7-^.  At  high  operating 
frequencies,  this  pole  can  cause  a  significant  reduction  in  measurecf  signal  amplitude.  The 
frequency  response  of  this  single  pole  network  from  Vi  to  in  Fig.  2.2-21c  is  as  follows: 

(i.2  -  69a) 
(2.2  -  696) 

where 

/  (2.2  -  69c) 

^  2nr,Ch  ^  ' 


=  -  tan  '(— ) 
fp 


For  the  design  specified  in  Table  2.2-12,  this  S/H  structrue  has  an  approximate  pole 
location  of  SMHz.  This  response  shows  significant  reduction  in  gain  and  shift  in  phase  for 
input  frequencies  in  the  MHz  range  as  shown  in  Fig.  2.2-22.  If  we  assume  that  fp  for  the 
two  channels  are  ideally  matched,  then  the  Sampling  Algorithm  will  cancel  out  this  effect. 
Unfortunately,  the  frequency  responses  are  not  well  matched,  since  the  ou-resistance  and 
parasitic  diffusion  capacitors  are  both  voltage  dependent.  This  distorts  the  apparent  pole 
locations  as  the  instantoous  input  voltage  swings  vary  between  its  extreme  values. 


This  effect  shall  be  examined  by  a  sensitivity  analysis  on  the  gain  and  phase  expres¬ 
sions  of  Eq.  (2.2-69),  as  follows; 


(2.2  -  70a) 
(2.2  -  706) 

(2.2  -  70c) 
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Fig.  2.2-22.  BODE  plot  of  the  equivalent  circuit  shown  in  Fig.  2.2-21  for  the 
S/H-1  operating  in  Track-Mode,  (r,  b  nominally  2.85ifcn  based 
upon  devices  sizes  contained  in  Table  2.2-12.) 


s 


t, 

r. 


(2.2  -  70d) 


The  results  of  this  sensitivity  analysis  are  shown  in  Fig.  2.2-23.  Eq.(2.2-70a)  represents 
the  sensitivity  of  the  gain  with  respect  to  movement  of  the  pole  location  fp,  thus  from 
equation  Eq.  (2.2-71a)  below,  the  overall  percent  change  in  |i4u!  (A|i4v|)  due  to  changes 
in  r,  can  be  estimated  from  the  percent  change  in  r,  (Ar,), 


qM.1 

Ai^vl  « 


(2.2  -  7lo) 


Similarly,  in  Eq.  (2.2-70b),  the  sensitivity  of  the  phase  angle  was  computed  as  a  function 
of  fp.  This  result  is  of  limited  use,  since  the  ideal  value  of  is  0.  A  better  indication  of 
the  effect  of  fp  on  the  phase  is  provided  in  Eq.  (2.2-70c),  which  is  normalized  with  respect 
to  ~  instead  of  the  actual  angle.  Thus  from  this  equation  the  overall  variation  in  the  phase 
angle  in  radians  is 


A  Z A,j  ^ 


(2.2  -  716) 


Similar  expressions  can  be  derived  in  terms  of  C/,. 


Based  upon  the  on-resistance  nonlinearity  analysis  discussed  in  Section  2.2.2.3a,  the 
on-resistance  of  the  analog  switch  varies  by  ±15%  from  its  nominal  value. 


fa  «  2.85Jfcn  ±  15%  (2.2  -  72a) 

The  ±15%  change  shown  in  here  is  an  estimation  of  the  overall  percent  change  in  resistance 
because  of  voltage  dependent  effects  over  a  ±2V  range. 

The  effective  value  of  the  hold  capacitor  including  parasitic  capacitances  attributed 
to  the  and  p"*"  diffusions  of  the  physical  layout  is  shown  in  Eq.  2.2-72b. 


Ch  «  7pF  ±  (50/F  ±  10%)  =  7.05p/  ±  .07%  (2.2  -  726)  ^ 

The  nonlinearity  contribution  due  to  the  parasitic  capacitance  is  small  compared  to  that 
due  to  the  on-resistance. 

By  applying  these  estimates  of  nonlinearity  to  the  results  of  the  sensitivity  analysis, 

(i.e.,  Eq.  (2.2-71b)),  we  find  that  at  5MHz  the  corresponding  gain  jitter  is  in  the  range  ^ 

of  13-14%,  as  shown  in-  Fig.  2.2-24.  Shown  here  is  the  approximate  gain  error  due  lo 
nonlinearities  as  a  function  of  input-frequency.  Note  the  near  linear  relationship  between 
the  input-frequency  and  the  percent  error  in  gain,  approximated  by  the  expression  shown 
in  Eq.  (2.2-73). 

« 3.75/  ( (2.2  -  73)  ^ 

lAv]  \mhz/ 
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Fig.  2.2-24  Plot  of  switch  nonlinearity  inducing  errors  in  the  track-mode  gain 
ii4„j  for  S/H-1  as  a  function  of  input-frequency.  (Assuming  /«  = 
mHz) 
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One  way  to  reduce  this  error  term  is  by  increasing  the  channel-widths  of  both  the 
n-  and  p-channel  p&ss-transistors  in  the  analog  switch  5«.  This  unfor'^  lately  will  also 
increase  the  clock  feed  through  and  the  parasitic  capacitance  nonlinearity. 


Sampling-Transition 


The  primary  contributor  to  sampling  transition  related  errors  and  the  only  one  con¬ 
sidered  here,  is  the  clock  feedthrough  generated  by  switching  S,  “off*.  This  feedthrough 
component  is  proportional  to  the  size  of  the  pass-transistor  devices,  as  discussed  in  Sec¬ 
tion  2.2.2.3a.  From  this  discussion  it  was  concluded  that  the  worstcase  variation  in  this 
offset  voltage  was  estimated  as  that  shown  in  Eq.  (2.2-67).  Thus  for  the  specific  device 
sizes  as  listed  in  Table  2.2-12,  the  overall  worstcase  clock  feedthrough  error  would  be 
±0.5%  relative  to  the  full  scale  input  voltage  range.  Optimistically,  this  error  is  expected 
to  be  in  the  range  of  ±0.1%  to  ±0.25%,  since  there  is  some  cancellation  effects  of  the 
complimentary  switch,  zmd  from  the  capacitor  Ci. 


Hold-Mode 


There  are  two  error  sources  that  contribute  to  the  overall  sampling  error,  once  the 
S/H  is  in  hold  mode:  (1)  the  leakage  current  associated  with  the  source/drain  diffusions 
attached  to  the  top  plate  of  the  hold  capacitor,  and  (2)  the  input  offset  voltage  of  the 
buffer  adding  an  offset  to  the  overall  output  voltage 


For  this  particular  process  the  leakage  current  is  directly  proportional  to  the  area  of  the 
diffusions  connected  to  the  top  plate  of  the  hold  capacitor,  as  discussed  in  Section  2.2.2.3a. 
For  the  device  sizes  used  in  this  particular  design,  the  leakage  current  has  been  estimated 
at  14pA  based  upon  Eq.  (2.2-68a).  This  causes  the  hold  voltage  to  drift  at  a  rate  of 
2.1^^.  That  can  be  related  to  a  0.05%  error  relative  to  a  full  scale  4V'p_p  input  signal  in 
a  1msec.  time  frame.  This  is  much  longer  than  the  amount  of  time  required  for  the  A/D 
to  convert  this  sample  and  held  signal  to  a  digital  output  word. 


The  offset  voltage  is  signal  independent  and  can  be  easily  canceled  by  the  Sampling 
Algorithm  and  will  not  be  considered  here. 


Conclusions: 


Based  upon  the  above  performance  analysis,  the  S/H-1  cell  was  determined  to  have 
three  dominate  performance  linaitations,  (1)  the  nonlinearity  originating  from  the  volt¬ 
age  dependent  on-resistance  of  S,  which  increased  linearly  with  frequency;  and  (2)  the 
nonlinearity  induced  by  the  volti^e  dependent  clock  feedthrough  of  S,  which  contributed 
approximately  0.5%  error  relative  to  a  full  scale  input  voltage  (3)  the  frequency  dependence 
of  the  gain.  During  the  design  process  of  the  S/H-1  cell  the  clock  feedthrough  error  was 
fixed  at  0.5%,  thus  determining  the  device  sizes  shown  in  Table  2.2-12,  and  also  determin- 
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ing  the  frequency  dependent  on-resbt&nce  error  component  such  that  at  approximately 
125kHz  this  error  term  will  contribute  the  same  amount  of  error  as  the  clock  feedthrough 
component  (0.5%).  This  yields  an  effective  8-bit  accuracy  at  low  frequencies,  a  7-bit  accu¬ 
racy  at  125kHz,  and  a  6-bit  accuracy  at  iOOkHz,  in  terms  of  the  final  digital  word  length 
generated  by  an  external  A/D. 

The  major  inherent  design  limitation  of  this  architecture  is  that  the  two  aforemen¬ 
tioned  nonlinearities  have  conflicting  design  criterion.  Nonlinearities  in  the  on-resistance 
of  S,  decrease  with  the  size  of  the  hold  capacitor  whereas  clock  feedthrough  effects  increase 
with  Cn- 


2.2.2.3c  Saraple/Hold-2 

Driven  by  the  frequency  limitations  of  the  S/H-1  architecture,  the  following  architec¬ 
ture  was  developed  based  upon  feedback,  null-port,  and  offset  voltage  cancellation  tech¬ 
niques.  The  S/H  structure  discussed  here  (1)  cancels  out  the  input  offset  voltage  of  the 
OpAmp,  (2)  improves  the  frequency  response  of  the  S/H  in  the  track-mode  by  reducing 
the  on-resistance  of  the  sampling  switch,  and  (3)  minimizes  the  voltage  dependency  in  the 
clock  feedthrough  thus  reducing  this  nonideality  to  a  small  DC  offset  voltage,  which  can 
be  cancelled  out  by  the  Sampling  Algorithm.  This  S/H  is  referred  to  as  S/H-2. 

The  basic  architecture  and  its  inherent  performance  limitations  are  described  below. 
Corresponding  experimental  results  are  presented  in  Section  5.13. 

Description: 

A  block  diagram  for  the  S/H-2  cell  is  shown  in  Fig.  2.2-25a  with  its  associated  timing 
diagram  contained  in  Fig.  2.2-25b.  The  operation  of  this  circuit  is  as  follows. 

Consider  initially  the  circuit  in  the  track-mode  in  which  the  “track”  switch  St  and 
“sampling”  switch  5,  are  both  closed  and  the  “hold”  switch  Sk  is  open.  If  we  model  the  St 
and  St  switches  which  are  “on”,  as  voltage  dependent  on-resistances,  denoted  as  rt  and  r, 
respectively,  then  the  operation  of  this  circuit  is  depicted  by  the  equivalent  circuit  shown 
in  Fig.  2.2-25C.  In  the  track  mode,  the  negative  input  terminal  of  the  OpAmp  is  biased  at 
the  offset  voltage  of  the  OpAmp  Vos,  thus  in  steady  state  and  at  low  frequencies  (where 
rt  and  r,  are  negligible),  vh  is  equal  to  the  input  voltage  minus  the  offset  voltage  of  the 
OpAmp,  i.e., 

VH{t]  =  vj{t) -Vos  (2.2-74) 


Now  if  the  switch  5,  is  opened  at  time  the  bottom  plate  of  the  hold  capacitor  Ch  is 
electrically  isolated  and  the  input  voltage  v/  is  essentially  “sampled”.  Note  that  when  S, 
was  opened  charge  is  injected  on  to  the  bottom  plate  of  the  hold  capacitor,  but  fortunately 
this  clock  feedthrough  component  is  independent  of  the  input  voltage,  since  the  potential 
on  either  side  of  the  switch  is  ideally  zero. 


Fig.  2.2-25.  S/H-2 


Now  with  S,  open  and  Ck  isolated  (in  particularly  from  any  clock  feedthrough  compo¬ 
nents)  the  top  plate  of  the  capacitor  is  disconnected  from  the  input  signal  by  opening  the 
‘tracking”  switch  5(,  and  then  connected  to  the  output  by  closing  the  ‘holding”  switch  5;^. 
This  places  the  S/H  in  the  hold-mode,  with  the  so  called  “sampled”  input  signal  buffered 
and  available  on  the  Vq  node,  as  shown  in  the  equivalent  circuit  in  Fig.  2.2-25d.  Thus  the 
expression  for  the  output  voltage  is 

Vb(0  =  vh{^»)  +  Vos  =  vi{tt)  -  Vos  +  Vos  =  for  t  >  t,  (2.2  -  75) 

Notice  that  this  architecture  is  intrinsically  independent  of  the  OpAmp  input  offset  voltage, 
and  that  the  finite  on-resistance  of  the  S|^  switch  is  not  considered  here,  since  the  output 
signal  at  this  point  is  essentially  DC. 

The  analog  switch  5,  is  a  single  n-channel  MOSFET,  while  the  other  two  switches, 
St  and  Sk  are  the  regular  complimentary  switches  who’s  circuit  schematic  is  provided  in 
Fig.  2.2-1  Ic.  The  device  sizes  for  these  analog  switches  and  the  other  S/H  components  are 
shown  in  Table  2.2-13.  The  two  capacitors  Ci  and  Cj  were  added  to  the  circuit  to  reduce 
clock  feedthrough. 


Obviously  this  structure  was  not  designed  strictly  to  cancel  offset  problems  associated 
with  the  OpAmp.  Its  primary  benefit  is  that  it  reduces  the  high-frequency  track-mode 
nonlinearities  associated  with  the  analog  switches  and  thus  allows  the  S/H  to  more  ac¬ 
curately  track  the  input  signal.  More  specifically  analysis  of  the  track-mode  equivalent 
circuit  shown  in  Fig.  2.2-25c,  assuming  the  open-loop  gain  of  the  OpAmp  is  frequency 
independent  of  value  A,  yields  a  single  pole  at 


Wb 


+  T^) 


(2.2  -  76) 


Note,  the  on-resistance  of  the  rt  switch  can  be  greatly  decreased  since  it  is  no  longer 
constrained  in  size  by  the  clock  feedthrough  phenomenon  affecting  the  hold  capacitor. 
Furthermore  the  effective  on-resistance  of  r,  is  reduced  drastically  by  the  open-loop  gain 
of  the  OpAmp,  as  is  inherent  in  this  architecture. 

These  aspects  of  the  design  will  be  discussed  in  more  detail  in  the  following  perfor¬ 
mance  limitations  section. 

Performance  Limitations: 

This  S/H  architecture  was  designed  in  accordance  with  DCASP-2,  thxis  the  intended 
input  signal  swing  and  maximum  input  frequency  was  ±2V  and  5MHz.  The  performance 
limitations  of  this  architecture  shall  be  broken  down  into  three  classifications,  track-mode, 
sampling  transition,  and  hold-mode  limitations. 


Track-Mode 
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(a)  reduced  track-mode 
equivalent  circuit. 


(b)  z,  OpAmp  circuit 


Fig.  2.2-26.  Circuit  schematics  for  frequency-domain  analysis  of  S/H-2  in  track-mode. 
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To  better  understand  how  the  high-frequency  track-mode  nonidealities  associated 
with  the  6nite  switch  on-resistances  and  the  finite  frequency  response  of  the  OpAmp 
limits  the  ability  of  this  circuit  to  track  the  input  signal  v/,  consider  th*  following  high 
frequency  analysis  of  the  track-mode  equivalent  circuit,  as  shown  in  Fig.  2.2-25c. 


In  this  circuit  the  role  of  the  OpAmp  is  to  provide  a  low  impedance  point  to  ground 
for  the  bottom  plate  of  the  hold  capacitor  via  the  null  port  across  the  input  nodes  of 
the  OpAmp  when  feedback  is  present.  Electrical  isolation  of  the  bottom  plate  of  the  hold 
capacitor  is  achieved  when  feedback  is  removed.  Thus,  in  the  track-mode  the  circuit  shown 
in  Fig.  2.2-25C  can  be  reduced  to  that  shown  in  Fig.  2.2-26a,  where  z,  corresponds  to  the 
frequency  dependent  input-impedance  of  the  OpAmp  circuit  shown  in  Fi^..  2.2-26b  or 
rather 

(2.2  -  77) 


z.  = 


1  +  A{s) 


where  A(s)  represents  the  finite  frequency  dependent  open-loop  gain  of  the  OpAmp,  If 
we  assume  a  single  pole  model  for  the  OpAmp  and  a  large  open-loop  gain,  such  that 


A(s) 


G5 

3 


then  Zt  can  be  written  as  follows; 


1,(5) 


^  ^  GB 


(2.2  -  78a) 


(2.2  -  786) 


Comments: 

•  At  low  frequencies  (w  <  GB),  s,  looks  inductive, 

•  At  high  frequencies  (w  »  GB),  looks  resistive  and  approaches  the  value  r,, 

•  range:  The  magnitude  of  i,  is  bounded  such  that  0  <  ji,]  <  r,, 

•  |i*  i  is  a  monotonically  increasing  function  of  frequency. 


Thus  the  frequency  dependent  expression  for  the  voltage  gain  between  the  input  signal 
and  the  AC  signal  across  vh  is 


where 


def  Vh('S) 


_1_ 

W, 


(3  -f  U>f) 


^  o 


(s2  +  BWs  -r  u;2) 


(2.2  -  79o) 


ojg  —  GB 


(2.2  -  796) 


I  GB 

{rt  +  r,)CK 

BW  = 

(r#  +  r,)  Ch 


(2.2  -  79c) 
(2.2  -  79d) 


2.2-98 


The  frequency  response  shown  above  consists  of  a  sero  at  the  Gain-Bandwidth  product 
of  the  Op  Amp  (GB)  and  pair  of  complex  poles  related  by  a  relationship  involving  GB, 
rt,  and  To  obtain  a  practical  perspective  of  these  limitations,  typical  values  for  the 
parameters  will  be  assumed.  These  typical  parameters  are 

GB  «s  2ir{S0MHz)  (2.2  -  80a) 

r,  «  3.2A:n  (2.2  -  806) 

rt  «  l.Sikn  (2.2  -  80c) 

Ck  «  l.SpF  (2.2  -  80d) 

and  are  baaed  upon  the  device  sizes  shown  in  Table  2.2-13  and  the  physical  OpAmp 
design  documented  in  Section  2.2.2.3e.  From  these  nominal  values  the  transfer  function 
characteristics  are  as  follows; 

w,  =  2k(Z0MHz)  (2.2  -  81o) 

Uo  =  27t{25MHz)  (2.2  -  816) 

BW  =  2k[Z2MHz)  (2.2  -  81c) 

Note  the  poles  of  this  transfer  function  are  complex  with  an  associated  pole  Q  of  |.  This 
transfer  function  is  graphically  represented  in  the  BODE  plots  contained  in  Figs.  2.2-27a 
and  2.2-27b.  This  frequency  response  shows  a  notable  change  in  slope  of  both  curves  in 
the  6  -  7MHz  range,  which  implies  a  higher  sensitivity  to  nonlinear  components  above 
these  frequencies.  Also  observe  that  this  frequency  response  represents  almost  an  order 
of  magnitude  improvement  over  the  frequency  response  of  S/H-1  which  was  shown  in 
Fig.  2.2-26. 


Nonlinear  Distortion 

The  results  presented  thus  far  are  based  upon  the  theoretical  linearized  track-mode 
frequency  response.  The  term  “linearized”  refers  to  the  use  of  nominal  or  zero-biased 
value  for  the  voltage  dependent  components  of  the  S/H  design.  The  nonlinear  effects 
of  these  components  have  not  yet  been  considered.  The  following  analysis  will  address 
these  nonlinearities  and  show  how  these  errors  propagate  through  the  Sampling  Algorithm 
(as  discussed  in  Section  2.2.1. 1),  and  thus  affect  the  overall  obtainable  accuracy  of  the 
Performance  Measurement  System. 

Consider  the  following  theoretical  test  system  as  shown  in  Fig.  2.2-28.  This  test  setup 
consists  of  two  identical  S/H’s,  one  sampling  a  sinusoidal  input  signal  vj(t),  and  the  other 
sampling  a  signal  vo(0  which  is  equal  in  amplitude  to  v/  but  shift  in  phase  by  some 
“random”  quantity  tf,  i.e., 

v/(<)  =  2sin(2x/t)  (2,2  -  82a) 

vo(t)  =  2sin(2jr/t  +  ff)  (2.2  -  826) 

where  /  corresponds  to  the  input-frequency.  Thus  the  ideal  transfer  function  t;o{’S)/vt(j) 
is  unity  gain  with  a  phase  of  0. 
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Fig.  2.2-27a.  Frequency  response  of  t;fc(«)/v,(s)  as  contained  in  Eqs.  (2.2  79) 
through  (2.2-81)  representing  the  S/H-2  operating  in  track-mode. 
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Fig.  2.2-27b.  Zoomed  in  version  of  the  S/H-2  track-mode  BODE  plot  contained 
in  Fig.  2.2-27a  —  focusing  on  the  gain  and  phase  distortion  in  the 
5  -  lOMHz  range. 


2.2-101 


Fig.  2.2-28.  Test  configuration  for  simulating  the  Performance  Measurement 
System’s  accuracy  as  a  function  of  the  track-mode  nonlinearities 
of  the  S/H. 
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Now  if  we  collect  three  sete  of  instanteous  and  simultaneous  samples  of  the  input  and 
output  waveforms  at  random  intervals,  (i.e.,  ^  via  the 

S/H*s  assuming  they  are  ideal  except  for  track-mode  nonlinearities;  then  the  gain  and 
phase  of  the  phase  shifter  as  viewed  by  the  nonideal  S/H’s  can  be  computed  from  the 
Sampling  Algorithm  discussed  in  Sec.  2.2.1. 1.  Thus  any  deviation  in  gain  from  QdB  and 
phase  from  9  is  interpretted  as  error  contributed  by  these  noniinearities  into  the  computed 
gain  and  phase  of  the  Performance  Measurement  System  —  thus  localizing  these  error 
terms. 

Since  the  computed  gain  and  phase  by  the  Sampling  Algorithm  may  inherently  be 
dependent  upon  the  specific  phase  shift  9  and  the  exact  time  instances  of  the  samplings 
ti,  t2  and  ts,  these  parameters  were  randomized  and  varied  over  a  wide  range  as  con¬ 
strained  by  £q  (2.2-83).  Thus  if  the  worstcase  computed  gain  and  phase  measurements 
were  recorded  over  this  range  of  test  setup  characteristics  then  any  9  dependence  or  time 
sampling  dependence  will  be  removed  from  the  simulation. 

=  =  for0”<*<180»  (2.2 -83a) 

0"  <  ^  <  180**  (2.2  -  836) 

As  shown  here,  the  three  sample  points  are  stongly  correlated,  but  randomly  aligned  to 
the  input  and  output  waveforms  via  a  random  phase  angle  (f>.  The  85“  interval  between 
sample  points  was  selected  as  a  worstcase  situation,  such  that  for  a  so  called  Vorstcase 
one  sample  point  will  be  near  the  -r2V  rail,  one  near  OV  and  one  near  the  -2V 
rail,  thus  resulting  in  a  large  variation  in  the  voltage  dependent  nonlinearities  between 
samples.  Note  a  90“  sampling  interval  might  be  a  more  obvious  selection,  but  this  results 
in  dependent  samples  and  prevents  the  Sampling  Algorithm  from  converging.  The  term 
“worstcase  refers  to  varying  ^  between  0“  and  180“  and  recording  the  worstcase  gain 
and  phase  measurement. 

The  primary  nonlinear  components  being  considered  here  are  the  two  nonlinear  on- 
resistance  ft  and  r«,  and  the  nonlinear  junction  capacitor  (ct)  associated  with  the  source/drain 
diffusions  of  St  which  is  in  parallel  with  the  hold  capacitor  Ch-  These  three  nonlinearities 
shall  be  modelled  as  follows: 

ft  rt,  (1  +  mtvi)  «  LbkU  (1  +  0.125v/)  (2.2  -  84a) 

f,  r,„  (1  +  m,VG)  »  3.2ikn  (1  +  O.Slvc)  (2.2  -  846) 

et  f{vi)  (2.2  -  84c) 

where  rt„  and  represent  the  nominal  values  for  these  on-resistances  as  shown  in 
Eq.  (2.2-80);  mt  represents  a  50%  variation  in  the  on-resistance  of  the  track-mode  switch 
St  over  ±2/  operating  range;  m«  modeb  the  voltage  dependence  of  the  n-channel  analog 
switch  based  upon  those  results  presented  in  Table  2.2-10;  vq  is  the  instanteous  poten¬ 
tial  on  the  negative-input  of  the  OpAmp;  /  is  a  complex  function  involving  the  area  and 


perimeter  of  the  and  n'*'  diffusions  of  the  pass-tr&nsistors  of  St  as  discussed  in  Section 
2.2.2.3a.  This  nonlinearity  can  be  computed  from  Eq.  (2.2-58),  assuming  both  the  area 
and  perimeter  of  the  and  diffusions  are  equal  and  computed  from  the  p-channel 
Tvidth  of  23pm  by  Eqs.  (2.2-59c)  and  {2.2-59d). 

The  results  of  this  simulation  are  shown  in  Figs.  2.2-29  and  2.2-30,  and  summarized  in 
Table  2.2-14.  At  low  frequencies  (sub-M.ffz)  the  nonlinearities  discussed  here  contribute 
very  little  to  the  overall  performance  of  the  S/H.  For  frequencies  greater  than  6  -  7MHz 
the  errors  induced  by  these  nonidealities  increase  exponentially. 

One  last  error  term  not  discussed  above,  is  that  at  high  frequencies  the  on-resistance 
of  S,  becomes  even  more  voltage  dependent  then  modelled  by  (2.2-84b),  since  the  Op  Amp 
will  try  to  drive  more  current  through  the  switch  by  increasing  the  output  vokage  (V^  of 
Fig.  2.2-25).  Thus  there  is  a  strong  possibility  of  driving  S,  into  weak  inversion  or  possibly 
even  saturation.  If  this  occurs  then  the  effective  impedance  z,  will  look  more  like  a  current 
source  than  an  impedance.  The  advantages  eind  disadvantages  of  this  effect  will  not  be 
examined  at  this  time. 


Sampling  Transition 

This  S/H  architecture  inherently  reduces  the  clock  feedthrough  problem  for  the  fol¬ 
lowing  reasons: 

(1)  A  simple  n-channel  analog  switch  can  be  used  for  S,  rather  than  a  complimentary 
switch.  Thus  reducing  the  parasitic  coupling  capacitance  between  the  clock  Sample 
and  the  signal  path. 

(2)  5,  can  be  sized  much  smaller  than  normally  required  because  of  the  feedback 
techniques  used  here,  thus  further  reducing  the  parasitic  coupling  capacitance 
and  associated  chairge  injection. 

(3)  The  charge  stored  in  the  channel  of  S,  is  essentially  constant  since  the  chcirge 
injection  side  of  the  switch  (the  side  attached  to  the  hold  capacitor)  is  tied  to  a 
null-port  of  an  OpAmp  and  should  be  held  at  ground.  This  reduces  the  voltage 
dependency  of  the  clock  feedthrough  problem,  for  this  switch. 

(4)  The  bottom  plate  is  electrically  isolated  when  the  switches  St  and  Sh.  are  opened 
and  closed  respectively.  Furthermore,  the  charge  injected  by  St  should  be  ab¬ 
sorbed  by  S/t  since  the  switches,  clock  signals  and  source  and  drain  load  impedances 
are  finely  matched. 

Based  upon  the  above  comments  the  primary  contributor  to  sampling  transition  re¬ 
lated  errors  and  the  only  one  quantized  here,  is  the  clock  feedthrough  generated  by  switch- 
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Fig.  2.2-29  Plot  of  predicted  gain  measurement  error  via  errors  induced  into 
the  Sampling  Algorithm  from  track-mode  nonlineaurities  in  S/H-2. 
Specificallv  this  is  a  plot  of  the  extracted  |vo(5)/t>i(5)i  —  ideally 
unity  gain. 
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Fig.  2.2-29b  Zoomed  in  version  of  Fig.  2.2-29a,  foctising  in  on  the  2  -  5MHz 
range. 
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2.2-30a  Plot  of  predicted  phase  measurement  error  via  errors  induced  into 
the  Sampling  Algorithm  from  track-mode  nonlinearities  in  S/H-2. 
Specifically  this  is  a  plot  of  the  extracted  (Z(vo(s)/v»(s))  -  0)  — 
ideally  zero. 
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Table  2.2-14.  Summary  of  the  simulation  results  presented  in  Figs.  2.2-29  and 
2.2-30  of  the  errors  induced  in  the  extracted  gain  and  phase  by  the 
Sampling  Algorithm  due  to  the  track-mode  nonlinearities  of  the 
S/H-2  circuit. 


frequency 

m 

Vi{s) 

HSiJ- 

lOkHz 

0.00006 

0.0073“ 

lOOkHz 

0.00047 

0.074“ 

200kHz 

0.00066 

0,15“ 

500kHz 

0.0065 

0.40“ 

iMHz 

0.031 

0.87“ 

2MHz 

0.14 

2.1“ 

5MHz 

2.0 

13.“ 

IQMHz  1  9,7 

83.“ 

inf  S,  "off* .  This  feedthrough  component  ii  proportional  to  the  aiae  ct  the  paM-transistor 
devices,  as  discussed  in  Section  2.2.2.3a.  From  this  discussion  it  was  concluded  that  the 
worstcase  variation  in  this  offset  voltage  was  estimated  as  that  shown  in  Eq.  (2.2-67). 
Thus  for  the  specific  device  sires  as  listed  in  Table  2.2-13,  the  overall  worstcase  clock 
feedthrough  error  would  be  approximately  ±0.8%  relative  to  a  estimated  worstcase  vari¬ 
ation  of  ±0.57  in  the  instanteous  potential  vq  of  Fig.  2.2-25.  The  actual  expected  error 
is  anticipated  to  be  at  most  ^  to  ^  of  this  value,  since  the  actual  variation  in  vg  is  not 
anticipated  to  be  this  large,  and  the  capacitor  C3  should  provide  some  relief  by  absorbing 
some  of  this  charge. 

One  interesting  consequences  of  this  architecture,  is  that  the  voltage  dependence  of 
the  clock  feedthrough  component  is  frequency  dependent,  and  for  low  frequencies  this 
architecture  is  insensitive  to  this  nonlinear  effect  and  thus  can  be  treated  completely  as  a 
fijced  DC  offset. 


Hold-Mode 

Once  in  the  hold-mode,  only  the  leakage  current  associated  with  the  source/drain 
diffusions  attached  to  the  top  and  bottom  plate  of  the  hold  capacitor  affect  the  overall 
sampling  error  of  the  S/H. 

For  this  particular  process  the  leakage  current  is  directly  proportional  to  the  smallest 
area  of  the  diffusions  connected  to  either  the  top  plate  or  bottom  plate  of  the  hold  capacitor, 
as  discussed  in  Section  2.2.2.3a.  For  the  device  sizes  used  in  this  particular  design,  the 
leakage  current  has  been  estimated  at  21pA  based  upon  Eq.  (2.2-68a).  This  causes  the 
hold  voltage  to  drift  at  a  rate  of  10.5-^.  That  can  be  related  to  a  0.25%  error  relative  to 
a  full  scale  input  signal  in  a  1msec.  time  frame.  This  represents  more  than  adequate 
time  for  the  A/D  to  convert  this  sample  and  held  signal  to  a  digital  word. 

Conclusions: 

Based  upon  the  above  performance  analysis,  the  S/H-2  cell  had  a  substantial  reduction 
in  error  at  higher  frequencies  over  the  previous  design,  S/H-1,  but  there  were  several 
underlying  design  limitations  as  listed  below. 

(1)  At  higher  frequencies,  as  the  OpAmp  started  to  roll  off  the  effective  on- impedance  of 
z,  started  increasing  rapidly,  thus  increasing  the  overall  impact  of  this  nonlinearity 
drastically.  Furthermore,  increasing  the  effective  on-impedance  implies  that  the  null- 
port  is  starting  to  breakdown  (vg  to  float  away  from  ground)  thus  allowing  more 
fluctuation  in  the  voltage  dependent  component  of  this  impedance,  and  thus  inducing 
even  more  nonlinearities.  Unfortunately  the  current  OpAmp  bandwidth  of  ZQMHz  is 
near  state-of-the-art  limits. 
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(2)  The  finite  voltage-dependent  on-resietance  of  distorted  the  track-mode  operation 
of  this  S/H  at  higher  frequencies  when  the  null-port  started  to  dysfunction.  Unfortu¬ 
nately  the  current  on-resistance  and  device  sizes  of  this  switch,  can  not  be  increased 
without  sacrificing  nonlinearity  due  to  the  voltage  dependence  of  the  clock  feedthrough 
generated  by  this  switch.  With  the  current  design  values  the  estimated  nonlinearity 
due  to  this  clock  feedthrough  component  is  already  0.5%  to  1%  at  high  frequencies, 
and  can  not  afford  to  be  increased  any  more. 

(3)  The  finite  voltage-dependent  on-resistance  of  St  also  distorted  the  track-mode  oper¬ 
ation  of  this  S/H  at  higher  frequencies  because  of  the  RC  time  constant  formed  by  rt 
and  Ch  attenuated  the  amount  of  input  signal  across  the  hold  capacitor.  Thus  modu¬ 
lation  of  this  RC  time  constant  by  the  instanteous  value  of  the  input-signal,  distorts 
the  hold  voltage.  Obviously  then  it  would  be  desired  to  decrease  this  on-resistance 
by  increase  the  channel-width  of  the  pass-transistors  of  this  device,  but  this  would 
increase  the  parasitic  junction  capacitor  associated  with  the  source/drain  diffusions 
of  these  devices.  Increasing  this  nonlinear  capacitance  will  effectively  modulate  this 
same  RC  time  constant.  For  the  current  design  it  was  verified  through  simulations 
(not  shown  here)  that  the  current  devices  sizes  of  St  were  near  optimal  under  both  of 
these  constraints. 

Simulation  results  shown  here,  predict  that  this  architecture  is  very  useful  at  low 
frequencies  since  all  of  the  primary  error  effects  are  cancelled  at  these  frequencies.  Fur¬ 
thermore  these  results  implies  that  O.ldB  accuracies  can  be  obtain  in  the  low  MHz  range, 
though  it  is  hard  to  predict  excictly  how  high  in  frequency  this  circuit  can  be  pushed  with¬ 
out  knowing  more  specifics  about  the  non  linearities  of  the  physical  components.  It  is  also 
evident  that  the  current  Sampling  Algorithm  may  be  highly  sensitive  to  perturbations  in 
the  sampling  hardware. 


2.2.2.3d  Sample/Hold-3 

Driven  by  the  frequency  limitations  of  the  S/H-2  architecture  (specifically  the  finite 
and  nonlinear  on-resistance  of  the  switch  St),  the  following  architecture  is  proposed  as 
an  extension  of  the  feedback  and  offset  cancellation  techniques  use  in  S/H-2  architecture. 
The  new  S/H  structure  discussed  here  reduces  the  effective  on-resistance  of  the  track¬ 
mode  switch  by  placing  the  switch  in  the  feedback  path  of  a  second  additional  OpAmp. 
The  added  offset  voltage  incurred  by  this  second  OpAmp  is  cancelled  out  during  a  new 
calibration-mode  of  the  S/H.  This  S/H  is  refered  to  as  S/H-3. 

The  basic  architecture  and  its  inherent  performance  limitations  are  described  below, 
with  corresponding  experimental  results  contained  in  Section  5.14. 


Description: 


The  circuit  schematic  for  S/H-3  cell  is  shown  in  Fig.  2.2-3 la  with  its  associated  timing 
diagram  contained  in  Fig.  2.2-31b.  The  operation  of  this  circuit  is  as  follows. 

Consider  initially  the  circuit  configured  in  the  calibration-mode,  in  which  all  of  the 
track  and  hold  switches  are  open  5t,,  and  Sk)  and  the  calibration  and  sampling 
switches  closed  (5c,,  5c,,  5^,  and  54)  and  modelled  as  short-circuits  as  shown  in  the 
equivalent  circuit  contained  in  Fig.  2.2-31c.  In  this  mode,  OpAmp  is  biased  so  that 
its  input  offset  voltage  is  across  the  capacitor  Co/f.  After  the  system  transients  die  out, 
the  calibrate  switches  are  opened,  (isolating  the  bottom-plate  of  the  Cp/f  capacitor), 
thus  trapping  the  offset  voltage  of  Ai,  (Vo//)  on  Cp/f.  Note:  the  charge  injected  by  the 
switch  5c,  on  the  bottom-plate  is  cancelled  by  an  equal  amount  of  charge  injected  on  the 
top-plate  of  Cpff  by  the  switch  5^. 

Now  the  track-mode  switches  (5t,  and  5t,)  are  closed,  and  the  S/H  is  configured  in 
track-mode,  with  the  equivalent  circuit  shown  in  Fig.  2.2-3 Id.  In  this  mode  the  OpAmp 
A I  is  configured  as  a  noninverting  unity  gain  buffer  by  the  feedback  path  created  by  the 
closing  of  5t, ,  with  input  to  this  buffer  corresponding  to  the  positive-input  of  the  OpAmp 
Ai  and  output  attached  to  node  5/.  When  the  input  signal  V,-  is  patched  in  through 
the  analog  switch  the  input  signal  is  buffered  and  tied  to  the  top-plate  of  the  hold 
capacitor  Ch,  with  the  bottom-plate  essentially  tied  to  ground  through  the  null-port  of 
A2.  This  results  in  the  instanleous  voltage  drop  across  the  hold  capacitor  (u;/)  equal  to 
the  instanteous  input-signal  v/,  as  is  fundamental  to  the  operation  of  a  S/H. 

Observe  that  the  voltage  drop  between  the  positive-input  of  Ai  and  node  vi  is  essen¬ 
tially  zero,  since  the  input  offset  voltage  of  this  amplifier  is  cancelleo  by  the  voltage  drop 
across  Cp/f. 

If  the  switch  5,  is  opened  at  time  tp,  the  bottom  plate  of  hold  capacitor  Ck  is  electri¬ 
cally  isolated  and  the  input  voltage  v/  is  essentially  “sampled”.  To  complete  the  process, 
the  top  plate  of  the  capacitor  is  isolated  from  the  input  signal  by  opening  the  switch  St, , 
and  then  connected  to  the  output  by  closing  the  switch  This  places  the  S/H  in  hold¬ 
mode,  with  the  so  called  “sampled”  input  signal  buffered  and  available  on  the  Vq  node,  as 
shown  in  the  equivalent  circuit  in  Fig.  2.2-31e. 

The  analog  switch  5,  and  the  calibrate  switches  are  all  single  n-channel  MOSFET, 
while  the  other  analog  switches  are  the  regular  complimentary  switches  as  shown  in 
Fig.  2.2-1  Ic.  The  device  sizes  for  these  analog  switches  and  the  other  S/H  components  are 
shown  in  Tab’.e  2.2-15.  The  two  capacitors  Ci  and  C2  were  added  to  the  circuit  to  reduce 
switch  charge  injection. 
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Table  2.2-15.  Device  sizes  and  component  values  for  S/H-3 
circuit  schematic  of  Figures  2.2-31a. 


Performance  Limitations: 


This  S/H  architecture  is  an  extension  of  the  S/H-2  design  and  thus  is  subject  to 
input  signal  swing  of  ±2V  and  maximum  input  frequency  in  the  neighborhood  of  2  - 
5MHz,  Since  this  design  is  similar  to  the  previous  design  (S/H-2),  only  the  track-mode 
performance  limitations  will  be  discussed. 


Track-Mode 

Consider  the  equivalent  circuit  contained  in  Fig.  2.2-31d.  In  this  circuit  the  role 
of  the  switch  St^  is  to  conduct  the  input-signal  Vt(s)  through  to  the  null-port  of  the 
Op  Amp  Ai.  Unfortunately,  the  finite  on-resistance  rt,  of  this  analog  switch  in  series 
with  the  input-capacitance  of  Op  Amp  Ai  (termed  Cin)^  produces  a  single  pole  at  the 
frequency  — If  the  size  of  is  sufficiently  large  and  the  input-capacitance  of  the 
OpAmp  minimized,  then  hopefully  this  parasitic  pole  can  be  neglected.  For  this  design  as 
documented  in  Table  2.2-15  and  in  the  following  section  and  for  the  nominal  theoretical 
on-resistance  of  the  complimentary  switch  as  contained  in  Table  2.2-10  and  for  the  typical 
input-capacitance  of  OpAmp  as  shown  in  Table  2.2-9,  this  pole  is  greater  than  20OMHz. 
Obviously  if  this  factor  is  of  concern,  the  on-resistance  of  this  switch  can  be  reduced  even 
further. 


Similar  to  the  analysis  of  S/H-2,  the  effective  frequency  dependent  input-impedance 
looking  into  the  two  OpAmp ’s  null-ports  shall  be  denoted  as  zt  (representing  the  track¬ 
mode  impedance  associated  with  Ai  as  shown  in  Fig.  2.2~32a)  and  z,  (representing  the 
sampling  switch  impedance  associated  with  Aj  as  shown  In  Fig.  2.2-32b).  Assuming  a 
^  model  for  the  OpAmps,  these  frequency  dependent  impedances  are  mathematically 
modelled  as  follows: 

=  (2.2-850) 

=  (2.2-856) 

Thus  the  original  track-mode  equivalent  circuit  of  Fig.  2.2-31d  can  be  reduced  to  a  simple 
RC  network  as  shown  in  Fig.  2.2-32c. 

From  this  simplified  circuit,  the  AC  voltage  gain  between  the  input  signal  Vi  and  the 
voltage  drop  across  the  hold  capacitor  vk  was  computed  to  be 

.  ^  »)■(»)  _ 

where 


w,  =  GB  «  2k{^QMHz) 


(2.2  -  866) 


(a)  Zt  OpAmp  circuit  (b)  z,  OpAmp  circuit 


(c)  reduced  track-moat  ci^uiTUicut  circuit. 


Fig.  2.2-32.  Circuit  schematics  for  frequency-domain  analysis  of  S/H-2  in  track-mode. 
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Wo  = 


2if{25MH2) 


(2.2  -  86c) 


GB 

{rt  +  r,)  Ck 

BW  =  »  27r(22.5Mifz)  (2.2  -  86d) 

\Tt  +  fj)  Ck 

as  based  upon  the  device  sizes  shown  in  Table  2.2-15  and  the  physical  OpAmp  design 
documented  in  Section  2.2.2.3e 

Observe  that  w,  and  Wo  are  identical  to  the  previously  reported  expressions  for  S/H- 
2,  contained  in  Eq.  (2.2-79).  Interestingly  enough  the  only  signficant  change  between  the 
two  transfer  functions,  was  the  pole-bandwidth  or  pole  Q,  in  which  the  Q  of  S/H-3  was 
increased  by  45%  over  the  Q  of  S/H-2.  This  is  a  considerable  factor  as  illustrated  in  the 
graphical  comparison  (in  Fig.  2.2-33)  and  quantitive  comparison  (in  Table  2.2-16)  of  the 
three  different  track-mode  frequency  responses  for  S/H-1  -2  and  -3. 

If  we  compare  the  three  gain  frequency  responses,  the  S/H-2  design  provided  the 
largest  O.ldB-bandwidth  with  a  factor  of  2|  increase  in  bandwidth  over  the  simple  S/H-1 
architecture,  and  a  30%  increase  over  the  complex  S/H-3  architecture.  This  slight  degra¬ 
dation  in  the  gain  response  of  the  S/H-3  design  is  attributable  to  the  peaking  associated 
with  the  higher  Q  circuit.  Though  if  we  consider  the  phase  response  of  these  three  designs, 
the  S/H-3  design  is  by  far  the  best  with  a  factor  of  six  improvement  in  l°-bandwidth  over 
the  S/H-2  design  and  a  two  orders  of  magnitude  improvement  over  the  S/H-1  architec¬ 
ture.  This  drastic  improvement  in  performance  by  the  S/H-3  cell  is  directly  related  to  the 
decrease  pole  bandwidth  of  this  design.  Lastly  if  we  wish  to  fairly  compare  these  archi¬ 
tectures,  we  must  couple  the  phase  and  the  gain  specifications  together,  since  they  both 
affect  the  overall  accuracy  of  the  Sampling  Algorithm.  Thus  for  a  specification  of  ,ldB 
gain  accuracy  and  1°  phase  accuracy,  the  S/H-3  had  the  largest  bandwidth  of  2.SMHz, 
which  is  a  factor  of  2^  increase  over  S/H-2  and  a  factor  of  40  over  S/H-1. 


Nonlinear  Distortion 

The  results  presented  thus  far  are  based  upon  the  theoretical  linearized  track-mode  fre¬ 
quency  response.  The  affects  of  the  voltage  dependent  nonlinearities  of  the  on-resistances 
of  the  analog  switches  and  the  parasitic  diffusion  capactances  have  been  neglected.  The 
following  analysis  will  address  these  nonlinearities  and  how  they  affect  the  overall  obtain¬ 
able  accuracy  of  the  Performance  Measurement  System,  as  previously  addressed  in  the 
S/H-2  discussion. 

The  primary  significant  difference  between  the  nonlinearities  of  S/H-2  and  those  of 
the  S/H-3  architecture  is  not  that  one  architecture  is  constructed  from  better,  more  linear 
components,  but  on  the  contrary  one  architecture  (i.e.,  S/H-3)  is  inherently  less  sensitive 
to  these  nonlinearities;  stemming  from  the  attenuating  affect  of  the  Ai  feedback  network 
in  conjunction  with  the  rt  nonlinearities.  Thus  if  we  apply  the  same  nonlinear  models  as 
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Table  2.2-16. 


Comparison  of  usable  frequency  range  or  bandwidth  for  all  three 
S/H’s  operating  in  track-mode,  as  a  function  of  the  gain  or  phase 
resolution  specification.  This  data  is  graphically  presentedin  Fig.  2.2- 
33. 
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Spec. 

Bandwidth,  Ifz 

S/H-1 

S/H-2 

S/H-3 

Q.OUB 

400k 

I.IM 

910ik 

0.02dB 

550k 

1.6M 

1.2M 

O.OSdB 

860k 

2.5M 

2.0M 

O.ldB 

1.3M 

3.6Af 

2.8M 

0.2dB 

1.7M 

5.2M 

4.0M 

O.SdB 

2.8M 

8.5M 

6.3M 

l.OdB 

4.1M 

IZ.OM 

9.1M 

0.02^ 

2M 

25k 

1.9M 

0.05° 

7.0k 

62k 

2.6M 

0.1° 

I4k 

120k 

3.3M 
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28k 

250k 

4.1M 

P 
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70k 

630k 

5.6M 

1.0° 

140k 

1.2M 

7.1M 

o 

o 

280k 

2AM 

8.9M 

5.0° 

700k 

5.7M 

12.0M 

10.0° 

1AM 

9.5M 

15.0M 

2.2-117 


i 


i 


L 


contained  in  Eqs.  (2.2-84),  and  simulate  the  complete  Performance  Measurement  System 
with  the  intended  Sampling  Algorithm  as  performed  on  the  S/H-2  architecture,  then  the 
overall  impact  of  these  nonlinearites  can  be  studied  and  quantitized. 

The  results  of  this  analysis  for  the  S/H-3  circuit  as  defined  in  Fig.  2.2-31  and  Ta¬ 
ble  2.2-15,  are  provided  graphically  in  Fig.  2.2-34,  and  quatitatively  in  Table  2.2-17.  Also 
repeated  here,  for  the  sake  of  comparison  are  the  aforementioned  results  of  the  S/H-2 
architecture  as  originally  provided  in  Figs.  2.2-39  and  2.2-40. 

The  results  shown  here,  indicate  that  the  S/H-3  architecture  greatly  out  performs  the 
S/H-2  design  by  a  factor  of  2-4  in  the  accuracy  of  predicting  the  gain  and  a  factor  of  10 
in  the  accuracy  of  predicting  the  phase  at  high  frequencies  {2-hMHz).  This  improvement 
is  attributed  to  the  improved  phase  response  of  the  track-mode  operation  of  this  S/H. 

Conclusions: 

The  S/H-3  architecture  out  performed  each  of  the  previous  designs,  with  a  a  factor 
of  2  increase  in  usable  frequency  range  over  the  S/H-2  design  and  almost  a  decade  be¬ 
yond  the  S/H-1  design.  This  architecture  greatly  minimizes  the  parasitic  effects  due  to 
inherent  component  nonlinearities  and  thus  removes  these  nonidealities  from  affecting  its 
performance.  The  design  strategy  used  here  of  eliminating  nonidealities  by  better  circuit 
design  techniques  produced  a  design  that  is  less  sensitive  to  poorly  predicted  and  poorly 
controlled  circuit  nonlinearities  and  is  preferred  over  strategies  that  rely  heavily  on  aprori 
knowledge  of  these  nonidealities  and  careful  cancellation  of  these  effects.  This  is  not  the 
case  here. 

One  last  comment  is  in  order.  The  complex  input  offset  voltage  cancellation  technique 
used  here  is  not  necessary  if  this  S/H  is  to  be  used  in  the  DC  ASP  architecture  since  this 
xionideality  is  voltage  indepedent  and  can  easily  be  cancelled  by  the  Sampling  Algorithm. 
In  particular,  the  excitation  and  response  signals  of  the  CSP  are  already  perturbed  by  off¬ 
sets,  and  must  be  incorporated  in  the  Sampling  Algorithm  anyway.  It  is  recommended  that 
future  generations  of  this  circuit  remove  the  extra  calibration  clock  phase,  thus  simpifying 
the  overall  architecture  cind  the  required  random  logic  to  interface  to  this  device. 


2.2.2.3e  Sample/Hold  operational  amplifier 


Purpose: 

The  S/H  structures,  S/H-1,  S/H~2  and  S/H-3  discussed  previously  require  higi^  per¬ 
formance  operational  amplifiers  in  order  to  sample  high  frequency  (2  -  bMHz)  and  high 
amplitude  (4V'p_p)  signals  with  0.1%  accurs«:y.  Based  upon  the  design  trade-offs  and  per¬ 
formance  issues  as  detailed  previously  in  this  section,  the  CMOS  Op  Amp  specifications  of 
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Fig.  2.2-34a  Plot  of  predicted  gain  measurement  error  via  errors  induced  into 
the  Sampling  Algorithm  from  track-mode  nonlinearities  in  S/H-2 
and  -3.  Specifically  this  is  a  plot  of  the  extracted  |u;i(5)/v,  (s)j  — 
ideally  unity  gain. 


104  -  105  10«  107 

Troqu^ncy,  Hz 

Fig.  2.2-34b  Plot  of  predicted  phase  measurement  error  via  errors  induced  into 
the  Sampling  Algorithm  from  track-mode  nonlinearities  in  S/H-2 
and  -3.  Specifically  this  is  a  plot  of  the  extracted  {l{vo{s)/vi{s))  -  6) 

—  ideally  zero. 


1 
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Table  2.2-17.  Summary  of  the  simulation  results  presented  in  Figs.  2.2-29  of  the 
errors  induced  in  the  extracted  gain  and  phase  by  the  Sampling 
Algorithm  due  to  the  track-mode  nonlinearities  of  S/H-2  and  -3. 


Table  2.2-18  were  established  as  a  design  goal. 


The  most  challenging  of  these  specifications  are  the  high  bandwidth,  the  low  input  ca¬ 
pacitance,  the  large  input  signal  swing  and  the  large  load-capacitance. 

Description: 

The  basic  OpAmp  architecture  used  in  the  design  of  the  CMOS  OpAmp  is  shown 
in  Fig.  2.2-35.  This  is  a  scaled  down  version  of  a  iOMHz  CMOS  buffer  design  of  Van- 
Peteghem  (26]  with  an  added  source-follower  input  stage.  This  additional  source-follower 
input  stage  will  provide  a  much  lower  input-capacitance  to  the  OpAmp  and  help  drive  the 
large  input-capacitance  of  the  differential-pair,  which  is  primarily  due  to  the  Miller  Effect, 
The  original  buffer  design  of  VanPeteghem  had  a  semi-low  input-capacitance  {O-Sp/*)  since 
the  common  source  node  of  the  differential  pair  bootstraps  the  major  portion  of  the  input- 
capacitance  when  feedback  is  applied  to  the  negative  input  node  of  the  OpAmp.  Ideally, 
in  this  configuration,  the  differential  pair  has  no  differential  signal  across  its  inputs,  but 
rather  only  common-mode  signal,  [27]  thus  bootstraping  the  Miller  Capacitor  as  discussed 
later  in  this  section. 

The  original  buffer  design  can  be  summarized  as  follows:  The  n-channel  differential- 
pair  was  chosen  as  the  input  stage  due  to  its  high  device  mobility  and  thus  typically  higher 
bandwidths.  The  current-source,  Iss,  must  be  a  single  n-channel  MOSFET  to  prevent 
the  voltage  drop  across  the  source-follower  from  distorting  the  signal  as  the  input  signal 
swings  towards  the  negative  rail.  The  modified  cascode  current-mirror  with  common-mode 
feedback  provides  a  high  output  impedance  and  a  large  PSRR  with  little  degradation  to  the 
common-mode  input  range  (28j  The  source-follower  output  stage  drives  the  large  external 
load  capacitor  seen  on  the  output  of  the  OpAmp,  In  order  to  drive  large  capacitive  loads 
at  high  frequency,  large  bias  currents  and  large  device  sizes  are  required.  The  bias  currents 
shown  in  Fig,  2.2-35  are  set  at 


Jq  =  /^_  =  =  0.5mA  amd  1$$  =  0.2mA.  (2.2  -  87) 

The  complete  circuit  schematic  is  shown  in  Fig,  2.2-36  with  the  corresponding  device 
sizes  provided  in  Table  2.2-19.  V~  and  V+  are  the  differential  inputs  and  the  node  labeled 
Vout  is  the  low  impedance  output  node.  The  current  Inaa  is  an  externally  provided  bias 
current,  nominally  set  at  0.1mA.  The  input  source-follower  consists  of  devices  M,j  and 
A/,,  which  drive  the  differential-pair,  A/<i,  and  .  The  current-mirror  consists  of  devices 
Mm,  through  Mm*-  The  output  source-follower  is  the  n-channel  MOSFET,  M®, .  The 
remaining  devices,  Mft,  through  Mj,,  are  current  sinks  and  bias  transistors. 

The  devices.  Mm,  and  Mm,  are  biased  in  the  linear  region  with  Mb^  and  M5,,  They 
serve  as  an  active  resistor  whose  resistance  and  thus  output  current  is  a  function  of  their 
gate  to  source  voltage.  Since  the  gates  of  these  two  devices  are  feeding  off  of  the  same 


Table  2.2-18.  S/H  OpAmp  design  specifications. 


3dB  Bandwidth 

>  ZQMHz 

Slew  Rate 

^Vlfisec 

Open  Loop  Gain 

>50 

Input  Capacitance 

<  100/F 

Load  Capacitance 

5-7pF 

Signal  Levels 

to  ±  2V  with  ±  oV  sup. 

Input  Signal  BW. 

<  SMffz 
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Table  2.2-19.  S/H  Op  Amp  devices  sizes  for  Fig.  2.2-36. 


DEVICE 


A/tj ,  Aft2 

A/d,)  A/d, 

A/mi )  A/mjj 


A/, 


rnj  ) 


Af6. 

Af6r 


SIZE 


W 


174pi 

300/i 

100/i 

25m 


3m 

3m 

3m 

3m 


DEVICE 


Af6, ,  Affr, ,  Mb^ 

Mbi 

Affrj,  A/fte 

Af< 


oi 


SIZE 


W 


74m 

30m 

15m 

498m 


internal  node,  the  pair  function  as  a  typical  current  mirror.  The  cascode  devices,  Afm,  ^d 
Mm«  are  biased  in  saturation  and  provide  a  large  output  impedance  and  thus  increased 
isolation  from  any  power-supply  injected  noise  from  Vqp. 


Source-Follower 

The  source-follower,  as  shown  in  Fig.  2.2-37,  is  a  key  subcircuit  of  the  OpAmp,  as 
it  buffers  the  inputs  and  output  of  the  OpAmp.  Also  shown  in  this  figure  are  the  load 
capacitor,  Cj,  and  the  parasitic  overlap  capacitors,  Cg,  and  Cg^.  The  device  Mi  should  be 
biased  in  saturation  for  a  unity  small  signal  gain.  From  the  simplified  Sah  model  of  Mi , 
the  DC  bias  current.  Ip,  is  given  by 


K'  Wt 

hD  =  lD=^-r{V,-Vo-  V,», )=  (2.2  -  88) 

I  hi 

In  order  to  minimize  the  DC  voltage  drop  across  the  source-follower  and  not  to  overly 
restrict  the  signal  ^wing,  we  have  decided  to  require  Vj  —  Vq  <  1.6V. 

Defining  the  over-drive  voltage,  Voo,  by  the  equation 


it  follows  from  eqn.  (2.2-88)  that  Vp  can  be  expressed  in  terms  of  Vqp  as 

Vo  =  Vi-Vth,-Vop  (2.2-90) 

From  this  expression  it  can  be  observed  that  if  the  bulk  were  tied  to  V55,  then  the  bulk- 
effect  (-7  effect)  would  have  the  tendency  to  modulate  Vthi  between  0.8V  and  2.5V  as 
the  input  swings  between  ±2V.  This  would  cause  both  signal  distortion  and  signal  swing 
limitation.  The  effects  of  7  can  be  eliminated  by  connecting  the  bulk  to  the  source  of 
Ml .  Making  this  connection  comes  at  the  expense  of  adding  more  parasitic  capacitance  to 
the  output  node  of  the  source-follower.  With  Vt^,  restricted  to  approximately  0.8V,  and 
^OD  'Si  0.8  V,  w'e  can  achieve  our  goal  of  making  V/  —  Vo  <  1.6V. 


The  AC  small  signal  model  for  this  subcircuit  is  shown  in  Fig.  2.2-38,  where  gm  and 
gd,  correspond  to  the  small  signal  model  parameters  for  the  device  Mi  and  gd  represents  the 
parasitic  output  admittance  of  the  current  sink,  Ipp.  From  this  circuit,  we  can  calculate 
the  frequency  domain  transfer  function  as  shown  below  in  eq.  (2.2-91). 

l+^‘ 


Vi  \< 


9m 


;) 


1+  ^3 

8m 


Av - - 

9m  +  9d*  +  9d 


Ay) 


9m 


1+ 

9m 


«  1 


(2.2  -  91a) 
(2.2  -  916) 
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Assuming  gm'>  Si4'^  9d  imdCi  >  yields  &  unity  gain  amplifier  with  a  pole  at  u)p  and 
a  zero  at  u;,,  such  that  Wp  «  ^andu;^^  > 

The  small  signal  input  capacitance  is  composed  of  two  components,  the  overlap  cap* 
acitance,  Cgi  and  the  Miller  Capacitor  due  to  Cg,.  Since  the  device  M\  is  in  saturation, 
the  capacitance  is  modeled  as  |  of  the  gate  capacitance  [21].  Thus,  if  it  is  assumed 
Cl  >  Cj„  Cg,  >  Cgd  and  Qm  >  gd*  +  then  the  input-capacitance  for  the  source- 
follower  can  be  expressed  as 


where, 


and 


=  C,i  +  C„  (l  - 

(2.2  -  92a) 

1+ 

-  J  ,  JL 

"p 

(2.2  -  926) 

1  J-  "xl 

_  • 

-  ^  ^ 

(2.2  -  92c) 

Ci„, «  c,4  + 

9m 

(2.2  -  92d) 

Ciu^  —  Cgd  +  Cgt 

(2.2  -  92e) 

9d,  +  Pd  + 

u;-  »  - Xii. 

Cl 

(2.2  -  92/) 

9m 

(2.2  -  92(7) 

Cg,  «  -CoxWlLl 

(2.2  -  92/i) 

Cd,  =  CoxWiLd 

(2.2  -  92t) 

represent  respectively,  the  input 

capacitance  at  DC  and  at 

extremely  high  frequencies.  The  constant  Cox  represents  the  gate  to  channel  capacitance 
density  (typically  0.7 in  a  generic  3/i  CMOS  process)  and  Ld  represents  the  lateral 
diffusion  length  (typically  around  0.3^*  in  the  same  process). 


The  Miller  Effect  greatly  reduces  the  input-capacitance  by  attenuating  the  dominate 
parasitic  capacitance,  Cgs.  This  attenuation  is  due  to  the  boot-straping  effect  of  the  unity- 
gain  configuration.  This  capacitance  cancellation  technique  is  very  sensitive  to  any  phase 
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shift  between  the  input  node  and  the  boot-straping  node.  This  is  apparent  from  the  above 
analysis,  since  the  location  of  the  zero,  u/,,,  was  at  a  significantly  lower  frequency  than  the 
pole,  Up. 

The  small-signal  parasitic  load  capacitance  is  composed  of  many  different  components 
as  listed  in  eq.  (2.2-93) 


Ci  =  Ct  +  C^  +  C^  +  Cg,  (^1  -  7  j  +  Cin,  (2-2  -  93o) 

^C,  +  C^  +  Cd-  Cg,  (2.2  -  936) 

where,  C,  and  C<i  are  the  parasitic  capacitance  due  to  the  source  diffusion  of  Mi  and  the 
drain  diffusion  of  the  current  sink,  /d,  respectively.  is  the  parasitic  well  capacitance  of 
the  p-well  containing  the  device  Mi  and  C,,,,  is  the  input  capacitance  of  the  next  stage. 
Note,  the  Miller  Capacitor  was  reduced  to  a  small  negative  load  capacitor  which  should 
exhibit  the  same  phase  distortion  sensitivity  problem  that  the  input-capacitance  exhibited; 
and  thus  is  not  a  very  useful  technique  for  reducing  the  overall  effective  load  capacitance 
at  high  frequencies. 

For  the  design  documented  in  Table  2.2-19  above,  the  characteristics  of  both  the  input 
and  output  source-follower  stages  are  shown  in  Table  2.2-20  as  computed  from  equations 
(2.2-89)  through  (2.2-93)  and  SPICE  generated  small-signal  model  parameters. 

Note,  the  pole  locations  of  the  input  and  output  stages  are  currently  marginal  to  yield 
the  desired  input  capacitance. 

Simulation  Results: 

The  parasitics  of  the  layout  of  the  design  described  above  were  extracted  and  a  SPICE 
simulation  file  was  generated.  This  SPICE  deck  in  combination  with  the  MOSIS  analog 
SPICE  model  were  used  in  simulations  which  are  summarized  below. 

(a)  Open-Loop  frequency  response  from  both  the  inverting  and  noninverting  inputs  of  the 
OpAmp.  From  the  resulting  Bode-Plots  shown  in  Fig.  2.2-39,  the  open-loop  gain, 
gain-margin  and  phase  margin  can  be  extracted. 

(b)  Closed-Loop  step  response  for  the  OpAmp  configured  in  a  unity  gain  buffer  config¬ 
uration.  These  are  shown  in  Fig.  2.2-40.  From  this  plot,  the  settling  time,  percent 
overshoot  and  slew  rate  can  be  determined. 

(c)  Small-signal  AC  analysis.  From  a  small-signal  ac  analysis,  the  input  current  as  a 
function  of  the  input  voltage  and  input  frequency  can  be  used  to  determine  the  small- 
signal  complex  input-impedance  of  the  OpAmp.  That  is 
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Table  2.2-20.  Source-Follower  theoretical  characteristics. 


Parameter 

Output 

Input 

Id 

0.5m.A 

0.5m/. 

9m 

2.2m5 

1.3m5 

9d» 

irrnTT 

19/iS 

9d 

18m5 

\8pS 

..  _ 

0.56pF 

0.19pF 

Cgd 

O.lOpF 

0.03pF 

Cxu 

OASpF 

0.17pF 

C. 

O.SSpF 

O.HpF 

Cd 

OMpF 

0.06pF 

0.979 

0.972 

C'tna 

QpF 

6pF 

Cl 

6.8pF 

6.3pF 

Cino 

O.llpF 

0.04pF 

0.66pF 

0.22pF 

e25MHz 

l.lGHz 

blMHz 

ZZMHz 

W., 

IQMHz 

mHz 

VoD 

0.4K 

0.77 

2.2-131 


Phas*.  dag.  Ooln,  dB 


40 


30 

20 

10 

O 

-10 

-20 

-30 


,0^  loS  10*  10^  10» 

rraquanay.  Hx 


Fraguaney.  Hs 


Fig.  2.2-39a.  Simulated  open-loop  freq.  resp.  for  the  input  of  S/H  OpAmp 
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Fig.  2.2-39b.  Simulated  open-loop  freq. 
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where  t,n  &nd  v,n  represent  in  the  small-signal  input  current  and  voltage,  respectively 
and  u;  =  2‘Kf.  The  input  impedance  of  the  OpAmp  is  a  function  of  frequency  and 
not  purely  capacitative,  as  illustrated  by  eq.  (2.2-92),  and  supported  by  simulation 
results  graphically  presented  in  Fig.  2.2-41.  From  this  plot,  it  can  be  concluded  that 
at  low  frequencies,  the  input  impedance  looks  totally  capacitive  with  a  phase  angle 
of  -90®  up  to  about  300kHz.  The  magnitude  plot  shown  here  is  ||  II 

represents  capacitance  when  the  phase  angle  of  Zin  is  exactly  -90°.  For  pliase  angles 
other  than  this,  it  is  difficult  to  interpret  —  a  purely  resistive  impedance  would  be 
represented  by  a  phase  angle  of  0°  and  a  magnitude  plot  resembling  a  ~  function. 

The  simulation  results  are  summarized  in  Table  2.2-12.  Each  of  the  original  design 
specifications  were  met.  The  phase  margins  are  less  than  desired.  The  input  capacitance 
predicted  by  the  simulation  differed  significantly  from  the  theoretical  calculations.  The 
source  of  this  discrepancy  has  not  been  resolved.  Further  reductions  in  input  capacitance 
with  this  circuit  can  be  obtained  at  the  expense  of  a  reduced  bandwidth.  Alternatively, 
a  different  architecture  of  the  Op  Amp  may  deserve  consideration  if  the  experimentally 
measured  input  capacitance  is  unacceptable. 


l.i.2.3f  Sample/Hold  operational  amplifier  with  added  zero 

In  the  previous  section,  the  Sample/Hold  operational  amplifier  had  a  simulated  phase 
margin  of  18°  (29°)  for  V'^  This  is  borderline  stable.  Thus  in  this  section  we  will 

discuss  a  modified  OpAmp  design,  that  should  improve  stabiity. 

The  approach  is  to  add  an  additional  load  capacitance  (C,)  to  the  common-source 
node  of  the  differential  amplifier  and  a  feed-forward  zero,  as  shown  in  Fig.  2.2-42.  It  is 
hoped  that 

(1)  the  added  capacitance  on  this  node  will  decrease  the  dominant  pole  location  slightly, 
and 

(2)  at  ultra  high-frequencies  this  added  capacitor  will  act  as  a  short  circuit  between  the 
node  Vi  and  the  common-source  node,  and  thus  introduce  an  ultra  high-frequency 
zero  into  the  transfer  function. 

The  size  of  the  capacitor  C,  was  intended  to  be  in  the  range  of  1  -  2pF,  and  was  actu¬ 
ally  implemented  as  a  1.37pF  poly-I/poly-II  capacitor  because  of  layout  area  restrictions. 

The  results  of  modifing  this  design  are  shown  in  the  BODE  plots  contained  in  Fig- 


i 
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Table  2.2-21.  S/H  OpAmp  simulated  design  specifications. 


Open-Loop  3dB  Bandwidth 

ZO.SMHz 

Gain  Margin  (K+) 

<  -20dBy 

Gain  Margin  (V~) 

Phase  Margin  (V+) 

18® 

Phase  Margin  (V“) 

29® 

Settling  Time  (1%) 

lOr^sec 

Percent  Overshoot 

20% 

Slew  Rate 

lOOV  fussc 

Open  Loop  Gain 

52 

Input  Capacitance 

620 fF  -  660  fF 

ures.  2.2-43a  and  b.  Shown  hc:e  is  an  improved  gain  and  phase  margin  at  the  expense  of 
reduced  open-loop  ZdB  bandwidth.  These  results  are  summarized  in  Table.  2.2-22. 


2.2.2.3g  Other  gain  Performance  Detector  systems. 

Over  the  decades  many  solutions  to  the  performance  detection  problem  have  been 
proposed,  primarily  in  Hybrid,  discrete,  Bipolar  or  technologies  other  than  MOS.  Finally 
in  the  80’s  we  are  beginning  to  see  these  architectures  translated  into  a  MOS  environment. 
In  this  section,  we  will  discuss  some  of  these  alternative  gain  mecisurement  approaches. 

Peak  Detectors: 

Peak  detection  is  one  of  the  more  conventional  techniques.  It  requires  little  post  pro¬ 
cessing  of  the  measured  data  in  order  to  compute  the  gain,  but  is  restricted  to  applications 
not  requiring  phase  measurement.  Obviously,  the  basic  strategy  of  this  approach  is  to  com¬ 
pute  the  peak  amplitude  of  both  the  excitation  and  response  signals,  and  then  compute 
the  gain  from  the  ratio.  Two  Peak  Detector  architectures  are  presented  below. 


Conventional  Peak  Detector 

A  standard  approach  given  an  ideal  diode  is  shown  in  Fig.  2.2-44.  Here  the  input 
signal  (V,)  turns  “on”  the  ideal  diode  [D\)  whenever  the  input  voitage  exceeds  the  peak 
voltage  {Vpeak)  held  on  the  hold  capacitor  (Cpeo*)-  The  hold  capacitor  is  electrically 
isolated  by  a  FET  input  unity-gain  buffer  whose  output  is  supplied  to  an  analog-to- 
digital  converter  (A/D),  for  conversion  to  a  digital  word.  Thus  this  digital  word  represents 
the  peak  amplitude  of  the  analog  input  signal.  The  switch  (5i)  is  used  to  reset  the  hold 
capacitor  prior  to  the  detection  process.  The  challenging  aspects  of  this  design  is  building 
Di,  the  ideal  diode,  such  that 

(1)  the  voltage  drop  across  the  diode  must  be  much  less  than  an  LSB  of  the  A/D; 

(2)  the  diode  must  turn  “on”  and  “off”  almost  instantaneously,  relative  to  the  frequency 
of  the  input  signal; 

(3)  the  diode  must  be  able  to  turn  “off”  without  deviating  Vpeak  by  more  than  a  fraction 
of  an  LSB  due  to  the  borrowing  of  charge  off  of  hold  capacitor;  and 

(4)  once  the  diode  is  turned  “off” ,  the  hold  capacitor  must  be  electrically  isolated  while 
the  A/D  is  converting  this  signal  to  a  digital  word. 

Also,  it  is  assumed  that  the  A/D  and  the  analog  buffer  are  ideal  and  do  not  contribute 
any  errors  (e.g.,  offset  voltage,  gain  errors,  etc.). 


Table  2.2-22.  Comparison  of  simulated  performance  for  S/H  OpAmp 
with  and  without  added  feed-forward  zero. 


Performance  Specification 

Without  Zero 

With  Zero 

Open-Loop  ZdB  Bandwidth 

ZO.SMHz 

25MHz 

Gain  Margin  (V+j 

<  -20dB 

<  -20dB 

Gain  Margin  (F“) 

~16dB 

~lZdB 

Phase  Margin  (V'"*') 

18° 

39° 

Phase  Margin  (V") 

29° 

34° 

10'*  10*  10*  10^  1 


rr«quanoy.  Hx 


Fr«qu«noy.  Hx 


Fig.  2.2-43a.  Simulated  open-loop  freq.  resp.  for  V  +  input 
of  S/H  OpAmp  with  added  zero. 
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Fig.  2.2-43b.  Simulated  open-loop  freq.  resp.  for  V-  input 
of  S/H  Op  Amp  with  added  zero. 
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The  MOS  version  of  this  circuit  is  shown  in  Fig.  2.2-45,  where  the  ideal  diode  is 
realized  with  an  comparator  or  OpAmp  driving  the  gate  of  a  MOSFET.  In  this  circuit 
if  the  input  voltage,  Vi  ever  gets  bigger  than  the  hold  voltage,  Vp*afc>  then  the  OpAmp 
output  will  go  low,  turn  “on”  the  MOSFET,  charge  up  the  hold  capacitor  till  Vpeo*  =  Vi, 
at  which  time  the  OpAmp  will  turn  “off”  the  MOSFET  and  stop  the  charging  process. 

This  circuit  calls  for  a  very  high-speed  comparator.  To  better  understand  the  speed 
requirements  placed  on  the  comparator/MOSFET  design,  consider  the  following  mathe¬ 
matical  representation  of  the  time-interval  in  which  the  pezdc  amplitude  occurs  in. 


Given  a  sinusoidal  signal  V,(t)  =  V,nai  cos{u;t),  we  are  interested  in  computing  the 
interval  of  time  that  the  amplitude  of  V,(t)  is  within  i  an  LSB  (for  an  N  bit  A/D)  of  the 
peak  or  maximum  amplitude,  V^ax-  Mathematically  this  interval  is 


t  €  {-to,  +f<,)  such  that  ^<(^0)  =  V^ax  1  -  . 


Thus  the  length  of  the  interval  is 


Af  2to 


=  —  cos  ^  ( 1  - 


1 

2^+1 


(2.2  -  95) 


(2.2  -  96) 


Quantitatively,  the  impact  of  Eq.  (2.2-96)  is  illustrated  in  Table  2.2-23.  Nanosecond  and 
sub-nanosecond  time  intervals  are  extremely  challenging  for  a  process  technology  with 
typical  gates  delays  of  S-lOr/sec.  Thus  the  inherent  speed  requirement  of  turning  “on”  and 
“off”  device  Mi  combined  with  the  switch  feed-through  effects  of  this  devices,  greatly  limits 
the  0  erall  accuracy  of  this  performance  detection  scheme  and  the  maximum  frequency  of 
the  input  signal  that  can  be  properly  handled. 


Serial  Peak  Detector 

The  so  called  Serial  Peak  Detector  as  shown  in  Fig.  2.2-46  is  an  extension  of  the 
previous  circuit,  by  replacing  the  analog  feedback  loop  with  a  digitally  controlled  one.  In 
the  block  diagram  of  Fig.  2.2-46,  the  input  signal  is  continuously  being  compared  by  a 
high-speed  high-performance  comparator  to  a  reference  signal,  Vpgafc  which  is  generated 
by  a  D/A  from  the  digital  word  Dpeak-  Whenever  Vi  exceeds  Vpeak,  the  output  of  the  com¬ 
parator  rises  rapidly,  triggering  an  SR  flip-flop,  which  in  turns  increments  the  digital  word, 
Dpeak  at  the  end  of  that  clock  period.  Thus  as  soon  as  the  counter  stops  incrementing, 
the  conversion  process  is  complete  and  the  digital  representation  of  the  peak  amplitude  is 
Dpeak-  This  approach  relies  only  on  having  an  extremely  sensitive  and  fast  comparator 
and  flip-flop  combo. 


2.2-144 


Table  2.2-23.  At,  as  a  function  of  the  number  of  bits  and  input  signal  frequency. 


N 

bits 

frequency,  w 

iMHz 

2MHz 

lOMif^ 

6 

39.8f?sec 

19.9»?sec 

7.96rjsec 

3.98r/sec 

Dl 

28.1r?sec 

14.1r?sec 

5.63»jsec 

2.81;?sec 

8 

19.9r;sec 

9.95f7sec 

3.98»?;i;c 

1.99r7sec 

9 

H.l/jsec 

7.03r}sec 

2.81r?sec 

1.41r;sec 

10 

9.95r7sec 

4.97tjsec 

1.99»7sec 

995psec 

11 

3.52r7sec 

l,41r;sec 

703psec 

12 

4.97r7sec 

2.49»7sec 

995psec 

497psec 
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Fig.  2.2-46.  Serial  Peak  Detector  block  diagram. 
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This  same  idea  could  be  extended  to  a  successive  approximation  type  architecture, 
where  the  D/A  is  controlled  by  successive  approximation  register  and  logic.  This  would 
greatly  reduce  the  conversion  time,  without  any  loss  of  accuracy. 

Neither  the  conventional  nor  the  serial  architectures  have  been  designed  or  fabricated 
at  this  time,  only  the  theoretical  aspects  have  been  investigated,  as  depicted  here. 
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3.3.1  The  Tuning  Problem-Rigorous  Formulation 


2.3.1.  Mathematic  Formulation  of  Tuning  Problem 


Assume,  initially,  a  linear  lumped  system  that  has  a  transfer  function 


£o 


=  TaMs,  X) 


(2.3.1  -  1) 


where  s  is  the  complex  frequency  variable  and  X  is  the  vector  containing  all  passive  and 
active  component  values/variables  in  the  circuit.  Assume  further  that  X  can  be  partitioned 
as 


X  = 


'  oil  ■ 

Otj 

•  *  • 

.  03  . 


(2.3.1  ~  2) 


where  Oj,  02,  and  03  are  column  vectors  of  lengths  nj,  ns,  and  na,  respectively,  and 
where  the  partitioning  is  such  that  oi  are  the  controllable  parameters  in  the  circuit,  02 
are  the  additional  parameters  contributing  to  T  (5,  X)  which  have  been  identified  and  0:3 
are  the  remaining  parameters  which  remain  unidentified. 


By  assumption  of  a  linezu’  lumped  syatem,  Tact{^,  X)  can  be  written  in  rational 
fraction  form  as 

Tact{^)  =  (2.3.1  -  3) 

where,  in  general,  the  a,-  and  bi  coefficients  are  all  functions  of  X.  It  is  almost  always  the 
case  that  the  functional  expression  for  T{s)  is  unknown.  This  will  always  be  the  case  if 
the  vector  03  has  dimension  greater  than  or  equal  to  1. 


Since  the  vector  ai  contains  all  controllable  pjirameters,  we  can  write 


ai  =  h{D)  (2.3.1  -  4) 

where  D  is  the  vector  of  digital  control  variables  and  where  the  dimension  of  D  is  less  than 
or  equal  to  the  dimension  of  ai.  For  the  problem  at  hand  (DC ASP),  the  function  h{D)  is 
of  the  form 

an  =  hi{di)  for  1  <  *  <  (2.3.1  -  5) 

where  the  elements  of  D  are  d,-,  »  =  1,  ...  ni.  Actually,  hi{di)  is  probably  monotone  with 
di. 
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where  Da  is  in  the  domain  of  D  it  is  said  to  be  an  acceptable  vector  if  r(s,  Ya)  meets 
the  given  specifications. 

The  goal  in  tuning  is  to  select  an  acceptable  vector,  Da  ,  so  that  the  transfer  function 
T[Da)  meets  the  given  specifications.  That  is  T[Da)  is  an  acceptable  transfer  function. 
We  will  denote  this  acceptable  transfer  function  as  Ta{s). 

For  some  specifications,  there  may  not  be  a  vector  Da  that  will  yield  an  acceptable 
transfer  function  whereas  for  others  there  may  be  a  large  number  of  acceptable  Da  vectors. 
Thus,  Da  is  not  necessarily  unique. 

A  stzmdard  tuning  strategy  denoted  as  Strategy  1,  is  as  outlined  below. 

1.  Select  an  initial  value  of  D,  denoted  as  Dq. 

2.  Measure  some  characterization  parameters  of  r(£>o)>  say  ^(r(I>o)). 

3.  Evaluate  a  cost  function  based  upon  these  measurements,  say  C[<I>{T{Dq))). 

4.  If  C  is  acceptable,  the  tuning  is  complete  and  the  acceptable  transfer  function  realized 
is  Ta[s)  =  T[Do). 
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5.  If  C  is  not  acceptable,  obtain  a  new  estimate  of  say  . 

6.  Repeat  steps  2-5  as  often  as  necessa.x 

The  cost  function  C  must  be  defined  so  as  to  realistically  quantify  the  required  per- 
formzmce  specifications.  With  this  in  mind,  a  range  of  values  of  C  can  be  specified  such 
that  the  performance  of  the  system  is  acceptable  provided  the  cost  function  lies  in  this 
range.  Any  value  of  C  in  this  range  is  called  an  acceptable  value  of  C  and  any  value  of  C 
outside  this  range  is  unacceptable.  This  is  summarized  more  formally  in  the  flowchart  of 
Fig.  1. 

Following  Strategy  1,  the  tuning  problem  thus  reduces  to  determining  a  sequence 
<  Di  >  which  converges  to  an  acceptable  value  of  D,  D/^. 

Although  r>icT(>S)  X)  is  unknown,  a  good  model  of  the  system  is  often  readily  avail¬ 
able. 


Returning  to  (1)  and  (2),  assume  that  a  model  of  the  system  has  been  obtained.  That 

^  a  Tm{>,  Xu)  (2,3.1  -  10) 

where  Xm  is  a  sub  vector  of  X  which  includes  part  or  all  of  oj  and  part  or  all  of  02. 
Without  loss  of  generality,  we  can  partition  x  as 


I  = 


(2.3.1  -  11) 


where  Xm  = 


aiM  and  a2M  are  thus  those  parts  of  aj  and  02  respectively  which 


L“2MJ 

are  included  in  the  model  and  Qimc  and  a2MC  are  the  remaining  elements  of  ai  <md  02- 
The  reason  that  aiM  may  not  be  all  of  ai  and  that  a2M  may  not  be  all  of  0:2  is  to  provide 
a  simplification  of  the  model  to  maintain  mathematical  tractability. 


Again,  for  notational  convenience,  we  define 


Ym  = 


Dm 
«  •  • 
“2M 


(2.3.1  -  12) 


2.3-3 


where  Dm  are  the  digital  control  variables  used  to  determine  a\M  in  the  model.  Corre¬ 
spondingly,  the  vector  Dmc  is  the  digital  control  variable  used  to  determine  oia/c-  The 
models  Tm(s,  Ym)  and  Tm{Dm)  are  defined  notationally  as 

Tm{Dm)  =  Tm{s.  Ym)  =  TmCs,  Xm)  (2.3.1  -  13) 

Returning  to  the  tuning  algorithm,  there  is  generally  a  desired  value  of  the  character¬ 
ization  parameter  (p{D)  or,  more  precisely,  ^(r(s,  X)),  say  <I>d-  The  expression 

(2.3.1-14) 

is  often  mathematically  tractable  and  the  initial  value  of  D,  Do,  is  often  obtained  by 
solving  (14)  for  Dm  and  then  defining 

Dq=  ...  (2.3.1  -  15) 

where  Dmc  is  some  simple  estimation  of  Dmc-  Often  Dmc  is  of  dimension  0  (i.e.,  all 
digital  control  variables  are  used  in  the  model). 

Although  not  shown  in  Fig.  1,  the  tuning  problem  is  somewhat  complicated  because 
there  are  errors  associated  with  the  measurement  of  the  characterization  parameters;  in 
particular, 

HDi)  =  MDi)  +  ti  (2.3.1-16) 

where  4)A.{Di)  is  the  actual  value  of  the  characterization  parameter  and  e,  is  the  error 
associated  with  this  parameter  measurement. 

Varying  tuning  algorithms  based  upon  the  above  tuning  strategy  differ  only  in  the 
way  the  sequence  <  >  is  determined.  Although  this  is  a  seemingly  simple  problem, 

the  task  of  obtaining  a  optimal  tuning  sequence  or  even  any  sequence  which  converges  to 
an  acceptable  value.  Da.,  is  quite  challenging.  A  few  comments  about  the  tuning  problem 
follow. 

First,  the  tuning  problem  cam  be  strictly  viewed  as  an  optimization  problem  with 
the  goal  to  determine  the  sequence  <  Di  >  which  minimizes  the  cost  function.  Various 
forms  of  a  deepest  descent  algorithm  are  widely  available  for  this  problem.  Unfortunately, 
even  for  relatively  low  order  systems  these  types  of  algorithms  tend  to  converge  to  local 
minimums  which  do  not  meet  the  desired  specifications.  These  algorithms  are  typically 
independent  of  the  functional  form  of  Tact{^j  X)  and,  as  such,  ignore  much  information 
about  the  system. 

Second,  the  tuning  problem  in  the  literature  is  often  based  upon  the  assumption 
that  T^cxi^y  X)  is  precisely  known.  Three  algorithms  based  upon  this  assumption  were 
summarized  by  Hocevor  and  Trick  [33]  in  1982.  Even  in  this  case,  the  tuning  problem  is 
non  trivial.  Most  of  these  works  were  based  upon  the  assumption  that  ail  trims  were  to 
be  through  the  unidirectional  adjustment  of  resistor  values. 


2.3.3  ‘^Simplified’’  System  Model  based  Tuning  Algorithm 

A  heuristic  tuning  algorithm  is  discussed  in  this  section.  This  tuning  algorithm  is 
based  upon  obtaining  a  good  model  of  the  system  which  can  be  used  in  conjunction  with 
measured  paramater  values  to  predict  optimal  changes  in  the  tuning  paramaters.  This 
tuning  algorithm  will  converge  in  two  iterations  if  the  system  model  is  close  to  the  actual 
system.  Deviations  in  the  system  model  from  the  actual  system  will  limit  tuning  accuracy. 
The  tuning  algorithm  at  this  stage  will  be  restricted  to  the  second-order  OTA-based 
biquad  of  Fig.  2.2-3'  which  is  repeated  in  Fig.  2.3.3-1.  This  circuit  is  configured  to 
implement  the  bandpass  transfer  function.  Extension  of  this  approach  to  more  general 
system  functions  can  be  made. 


The  Algorithm 


Assume  that  the  filter  specifications  of  interest  are  the  center  frequency,  quality  factor 
and  maximum  gain  defined  respectively  by  the  equations 


Wo  =  \/W3dBiW3dB2 


W3<iBl  -  W3i52 


=  W  I^’aCtWI 

where  ujzdBi  and  !jJzdB2  are  the  ZdB  cutoff  frequencies  and  Tact{s)  is  the  actual  system 
transfer  function. 

If  the  system  is  exactly  second-order,  then  w',  Q'  and  are  equal  to  the  pole 

resonant  frequency,  pole  Q  and  peak  gain  respectively.  In  the  presence  of  parasitics  which 
cause  over-ordering  of  the  system  transfer  function  or  other  factors  which  cause  the  model 
to  deviate  from  the  actual  system  function,  cu'  and  will  differ  from  the  cuo  and  Q  of  the 
dominant  pole  pair  and  differ  from  the  actual  resonant  frequency  gain. 

It  is  assumed  here  that  w',  Q'  and  more  appropriately,  estimates  of  these 

parameters  denoted  by  u;',  Q'  and  respectively  will  be  determined  from  a  small 

number  of  measured  samples  of  the  system  transfer  function  at  a  finite  set  of  frequencies. 
Various  methods  of  obtaining  these  estimates  zu-e  available.  Details  of  obtaining  these 
estimates  will  not  be  addressed  here. 


The  system  of  Fig.  11b  will  be  assumed  to  be  ideally  modelled  by  the  system  transfer 
function 


n»)  = 


+  3^  +  u;2 


(2,3.3  -  1) 
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Fig.  2. 3. 3-1:  TAG  Bandpass  Filter 
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The  transconductance  parameters,  gmi*  each  controlled  via  two  digital  control 
words.  One  of  these  corresponds  to  the  fine  adjustment  which  establishes  the  analog 
output  voltage  of  the  DAC  (Vc)  and  the  other  corresponds  to  the  coarse  adjustment  which 
selects  the  appropriate  mirror  stage  of  the  OTA.  As  was  described  in  Section  2.1.3,  the 
capacitor  values,  Cq  and  C7  are  also  digitally  controllable.  At  this  stage,  we  will  leave 
Ce  and  C7  fixed  and  implement  the  proposed  tuning  algorithm  by  only  adjusting  the  gm 
paramaters. 

Since  only  three  system  parameters,  a><„  Q  and  Hmaz^  are  of  interest,  we  will  further 
reduce  the  degrees  of  freedom  in  our  tuning  algorithm  to  the  adjustment  of  the  parameters, 
9m2i  9m3,  9mA  and  pms  Subject  to  the  constraint  that  gm2  and  Pms  are  equal  and  adjusted 
together.  If  the  system  is  ideal,  it  thus  follows  from  {2.3.3-2)  that  (Jo  adjustment  is 
achieveable  by  adjusting  Pm2  =  9m3>  Q  adjustment  is  then  achieveable  by  adjusting 
gmS‘  Note  that  adjusting  Q  does  not  affect  Wo.  Finally,  Umax  adjustment  is  achievable 
by  adjusting  Note  that  adjusting  Umax  via  gmA  ideally  does  not  affect  either  the 
previous  ujo  or  Q  adjustment. 


In  the  presence  of  over-ordering  due  to  inclusion  of  parasitics  in  the  system  model, 
the  complete  independence  of  adjustment  of  the  three  system  parameters  will  be  lost.  For 
modest  parasitics,  however,  the  interdependence  between  these  control  parameters  will  be 
wezik  but  may  force  interation  during  tuning  to  obtain  good  system  performance.  At  this 
stage  we  shall  consider  only  Ve,  the  fine  control  of  the  OTA,  as  the  control  parameter  for 
tuning  the  filters.  The  control  mechanism  relating  the  gm  of  the  OTA’s  to  their  control 
voltage  or  tail  voltage,  Ve..  is  characterized  by  the  linecir  equation 


[V,,  -  Vis  -  Vt,|  ,  for  i  =  1 


=  1,...5, 


(2.3.3  -  3) 


where  auid  Vt^  are  the  process  dependent  transconductance  and  threshold  voltage 
parameters  M,  is  the  output  stage  mirror  gain  and  Wi,  Li,  are  the  width  and  length  of 
the  input  differential  pair  devices.  This  can  also  be  expressed  as, 

9mi{v,.)  =  Mi,  Wi.  Li)  [^Ci  +  (2.3.3  -  4) 

where  m,-  and  6,  model  the  slope  and  x-intercept  of  gmi  as  a  function  of  the  control  voltage 
(Vc.)  and  the  process  anc.  design  parameters  {Kl,  VV,,  A/,,  Wi  and  Li). 


Capacitors,  Cq  and  C7  are  selected  from  an  array  of  discrete  capacitor  values  modelled 
by  the  following  expression 


Cj  —  AjCpoiyj,  for  ji  —  6,  7 


(2.3.3  -  5) 
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where  Aj  is  the  designed  capacitor  area  for  each  element  of  the  capacitor  array,  and  Cpo/yy 
is  the  process  dependent  capacitance  density  of  poly-1  to  poly-2. 

If  the  parameters  m,-  emd  6,-  are  known  and  if  the  system  is  perfectly  characterized 
by  (2.3.3-1)  and  (2.3.3-2),  then  (2.3.3-4),  (2.3.3-1)  and  (2.3.3-2)  can  be  solved  simulta¬ 
neously  for  the  control  voltages  V^a,  Vcs,  Vc4,  and  Vcs  thus  solving  the  tuning  problem. 
Unfortunately,  process  paraxnater  variations  in  Vy, ,  Wi,  Li  and  the  mirror  gains  makes 
exact  tuning  by  deterministic  solution  of  these  equations  impossible. 

A  discussion  of  a  sequential  tuning  algorithm  based  upon  measurements  of  the  actual 
system  transfer  function  follows.  If  the  system  model  (2.3.3-1)  is  ideal  and  if  system 
function  measurements  are  errorless,  this  algorithm  will  converge  after  two  iterations.  In 
practice,  modelling  and  measurement  errors  do  exist  thus  necessitating  additional  iteration. 
A  systematic  discussion  of  the  tuning  algorithm  based  upon  assuming  an  ideal  system 
model  follows. 

(1)  Set  the  initial  process  (control)  parameters  {M[^\  Vx,,  Li  and  W,-  or,  alter¬ 

nately,  and  6,-^^  to  their  ideal  (nominal)  values. 

(2)  Measure  and  Hmax  of  the  physical  filter. 

(3)  Make  an  improved  estimate  of  the  system  process  parameters  m,-  and  6,  of  (2. 3. 3-4) 
for  i  =  1,  3,  4,  5. 

(4)  Theoretically  adjust  w' ,  Q'  and  to  their  design  values  using  the  simplified  model 
for  the  control  system  with  the  updated  estimates  for  control  parameters. 

(5)  Measure  and  HmVx  of  the  physical  filter. 

(6)  Update  p2ir2uneters  of  step  (3).  Make  an  improved  estimate  of  the  system  process 
parameters  m,-  and  6*  based  upon  the  measurements  at  Steps  (2)  and  (5). 

(7)  Repeat  the  adjustments  or  tuning  process  of  Step  (4)  with  a  more  exact  model  for  the 
control  system. 

Thus  after  two  sets  of  measurements  the  complete  system  model  has  been  extracted 
and  the  system  “tuned” . 

The  following  is  a  more  detailed  step  by  step  procedure,  describing  the  specific  system 
models  and  design  equations  used  by  this  tuning  algorithm. 

(1)  Set  the  initial  control  parameters  gm,  through  of  the  OTA’s,  and  the  capacitors 
Ce,  C7)  to  their  ideal  values,  assuming  gmt  —  9mz^  using  the  equation  (2.3.3-2). 

From  (2.3.3-3)  and  (2.3.3-4),  the  paramaters  m,-  and  at  the  first  iteration,  denoted 


by  and  b\^\  are  given  by 

i'S‘'  =  -(Vss  +  V^‘') 


t  =  2,  3,  4,  5 


t  =  2,  3,  4,  5 


(2.3.3  -  6) 
(2.3.3  -  7) 


where  nominal  values  of  the  process  and  design 

parameters. 

From  (2.3.3-2)  and  (2.3.3-4),  the  control  voltages  at  the  first  iteration  thus  become, 

VS.^^  =  -  6.^^^  t  =  2,  3  f2.3.3  -  8) 


(1)  _  ■ 
«i  ~  (1) 

m)  ' 


t  =  2,  3 


(2.3.3  -  8) 


where  is  the  nominal  value  of  Cq  and  C^  which  are  assumed  equal. 

To  obtain  Q  control  via  ,  observe  from  (2. 3, 3-2)  that  with  Cq  =  Cj 

_ 


Q  Q 


Thus  from  (2. 3.3-4)  and  (2. 3.3-9) 


(1)  _  C(^)wo  .(1) 


(2.3.3  -  9) 


(2.3.3  -  10) 


Note  that  the  coarse  adjustment,  needs  to  be  set  so  that  Vq^  as  provided  by  (2.3.3- 
10)  can  assume  an  acceptable  value.  Typically,  one  would  set,  to  within  the  available 
quantization  range, 

M,“>  =  ^  (2.3.3  -  11) 

Finally,  from  (2. 3. 3-2)  the  control  voltage  must  be  set  so  that 


(2.3.3  -  11) 


9mt  =  9miHmax  = 


Hmax^o^ 


which,  from  (2.3. 3-4)  becomes 


y{l)  _  .(1) 

*^C4  -  -  (1)  *^4 

Qm\  ^ 


(2.3.3  -  12) 


(2.3.3  -  13) 


As  for  the  coarse  mirror  gain  should  be  set  so  that,  to  within  the  available  quanti¬ 
zation  range, 

(1)  (2.3.3  -  14) 


(2)  Measure  the  actual  u;o^\  and  Ifmit  of  the  physical  filter. 

(3)  and  (4)  The  updated  values  of  m,  and  6,  will  be  denoted  as  and  Since  only 

three  measurements  have  been  made,  and  Ifmaz,  we  have  only  three  degrees 

of  freedom  from  which  to  estimate  the  6  parameters  and 

65*^  At  this  iteration  step  it  will  be  assumed  that 


I  =  2,  3,  4,  5 


(2.3.3  -  15) 


To  obtain  observe  from  (2.3.3-2)  and  (2.3.3-4)  that  if  gmt  =  dmn  then 


_  mi{Vc2  -1-62) 

v/C^ 


(2.3.3  -  16) 


Solving  for  m2  with  the  measured  value  of  u>'(wo  ^^)  and  assuming  Cq  =  Cj  = 
we  obtain  the  approximate  expression  for  the  updated  values  of  m2  and  m3 


.(2)  _  «.(2)  ^ 


>{1)CW 


m'^  =m\'  - 


+  6<‘> 


Substituting  this  for  m2  in  (2.3.3-16),  we  obtain 


(2,3.3  -  17) 


(2.3.3  -  18) 


To  obtain  mj^^  observe  from  (2. 3.3-2)  and  (2.3.3-4)  that 


ms  = 


WoCt 

(Vc5  +  hi)Q 


(2.3.3  -  19) 


Thus,  we  may  approximate  the  next  iterate  for  ms  by 

I 

’  (V'W  +  iWjQ'C) 

Substituting  this  into  (2.3,3-19),  we  obtain  a  new  estimate  of  Va  denoted  by 

^,(2)  _  .  (i)\  _  .  (2) 


(2.3.3  -  20) 


(2.3.3  -  21) 


Finally,  to  obtain  m^^^,  observe  from  (2.3.3-2)  and  (2.3.3-4)  that 

_  Ej/  _  / ^C6  +bs\ 

m4-Smaz^S  [vc^  +  bj 


(2.3.3  -  22) 
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Thus,  we  may  approximate  the  next  iterate  for  by 


i(2)  ^  ^/(i)  ^(1)  I 


(2.3.3  -  23) 


Substituting  this  into  (2.3.3-22)  for  and  solving  for  Vc4,  we  obtain  a  new  estimate  for 
VcA  denoted  by 


y.(2)  _  Hmaz  fy(^) 

Umax  ^5 


(2.3.3  -  24) 


(5)  Measure  and  ifmaz  of  the  physical  filter  with  the  updated  control  voltages, 


(6)  and  (7)  To  obtain  and  when  gms  =  ffma  >  observe  from  (2.3.3-16)  that 


/(i)  ^  +62) 

u,f(2)  =  ^2(Vc2+1>2) 


(2.3.3  -  25) 


(2.3.3  -  26) 


Solving  these  two  equations  simultaneously,  we  obtain  the  exact  values  for  m2  and  62 
which  are  denoted  by  and  as  given  by  the  expressions 


l(3)  _  ^C2 

VO  -  ./,  \ 


/(2)  ^(1) 
U>o  —  U/o 


_(3)  _ 


Thus  from  (2.3.3-16) 


v(3)  _  ^o{^C2  ~  ^^02)  _  l{3) 
To  obtain  m^^^  and  65^^  observe  from  (2,3.3-19)  that 


(2.3.3  -  27) 


(2.3.3  -  28) 


(2.3.3  -  29) 


^=m5(7^J>  +  65) 
=m6(V^J^ +  65) 


(2.3.3  -  30) 


(2.3.3  -  31) 


2.3-11 


Solving  these  two  equations  simultaneously,  we  obtain  the  exact  values  for  ms  and  65  which 
are  denoted  by  and  65®^  as  given  by  the  expressions 


. (j)  _ 

„(3)  ^  „  (w;ci(;'<»)-u,?)o'c)) 
‘  '  «'(1)Q'(»)(VW  -  VW) 


(2.3.3  -  32) 


(2.3.3  -  33) 


Thus  from  (2.3.3-19) 


^(3)  ^  Qq  C7  ^(3) 

C5  ^  (3)  5 

V  mg  ^ 


(2.3.3  -  34) 


Finally,  from  (2.3.3-22)  we  obtain 


„.(»  _  +  >4) 

■"moz  .  (3)  ,  . 

^5{V^5  +  ’5) 


(2.3.3  -  35) 


(2.3.3  -  36) 


where  ms  and  65  are  the  exact  values  for  ms  and  6s  as  denoted  by  m|®^  and  65^^  in  (2.3.3- 
32)  and  (2.3.3-33).  Solving  these  two  equations  simultaneously,  we  obtain  the  exact  values 
for  m4  and  64  which  are  denoted  by  m^^^  and  64®^  as  given  by  the  expressions 


,  y(l)r7'(2)  _v(2)it'(i) 

,  (3)  _  ^  CA  ^  ^  CA  ^ 

^max  ^maz 

,-(3)  _  /t/(3)  ,  .  A^imax  “  ffmol) 

m4  =  ms{V^s  +65)  -- (Y)  -  Ti^  - 

''CA  ~  ''CA 


(2.3.3  -  37) 


(2.3.3  -  38) 


Thus  from  (2.3.3-22) 


r(3)  _  SmaximWci  +  j.(3) 

CA - Fai  °A 


(2.3.3  -  39) 
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Discussion 


The  main  advantage  of  this  algorithm,  is  that  it  converges  to  a  solution  with  only  two 
sets  of  frequency  response  measurements.  This  offers  an  improvement  in  speed  over  other 
approaches. 

There  are  limitations  associated  with  this  algorithm,  since  it  relies  heavily  on  a  priori 
knowing  the  exact  model  for  the  physical  control  system.  The  primary  limitations  are 

(a)  mismatches  in  gm,  and  grm 

(b)  measurement  or  computational  errors 

(c)  transfer  function  over-ordering 

(d)  high  sensitivities  to  measured  parameters 

These  limitations  become  more  severe  at  the  second  stage  of  the  iteration  (e.g.,  Step 
(6)  above)  thus  justifying  stopping  after  the  first  stage  in  some  applications.  This  algorithm 
will  be  most  useful  for  obtaining  an  initial  approximation  (coarse  adjustment)  or  a  tune 
when  the  system  model  very  closely  approximates  the  actual  system.  This  initial  coarse 
adjustment  may  be  very  important  if  a  standard  optimization  algorithm  is  used  since  many 
optimization  algorithms  are  inherently  plagued  by  convergence  to  local  minimums  when 
the  initial  characteristic  paramaters  are  not  sufficiently  close  to  those  corresponding  to  the 
global  minimums. 


2.3.4  TUNING  ALGORITHM  USING  CONVENTIONAL  OPTIMIZATION 


There  are  several  general  tuning  algorithms  for  conventional  active  RC  filters  reported 
in  the  literature  [33]  -  [34].  Optimi2ation  has  been  used  in  many  aspects  of  circuit  design 
[35-38].  One  of  these  methods,  the  least  squares  method  [33,  39]  consists  of  minimizing 
the  error,  E,  between  the  actual  and  the  desired  transfer  function.  This  is  formulated  as: 

E  =  \\Fact['jJi  <*20  +  Aajo)  -  Fdes{<^^  oio.  Q!2o)]]2  (2.3.4  -  1) 


Emin  =  min  E  =  min  1|Pact(w,  ai,  ajo  +  Aa2o)  -  Fi)es[<jJ,  <*10,  0:20) j]?  (2.3.4  -  2) 

Ot,  ai 

where  Fees  is  the  desired  transfer  function,  Fact  is  the  actual  transfer  fimction,  w  is 
the  radian  frequency,  oj  is  the  vector  of  controllable  (tuning)  parameters,  012  is  the  vector 
of  remaining  components  (assumed  measurable),  aio  and  020  axe  the  nominal  values,  and 
Aa2o  is  assumed  to  be  the  undesired  but  measurable  change  in  the  untuned  values.  The 
norm  specified  is  (2.3.4-1)  is  based  upon  sampling  Fact  and  Fees  at  a  predetermined 
fixed  and  finite  set  of  frequencies,  wi,  .  .  .ojh-  In  this  work  ,  the  norm  was  restricted 
to  the  sura  of  the  squares  of  the  functional  differences  and  the  functions  themselves  were 
the  desired  and  actual  transfer  function  magnitudes.  The  functional  form  of  Fact  may 
be  unknown  with  the  values  of  Fact  being  obtained  by  actual  measurements.  Later, 
we  will  discuss  the  tuning  problem  when  0:2  consists  not  only  of  measurable  but  several 
unmeasurable  components. 

The  general  solution  of  (2.3.4-2)  (following  Strategy  1  presented  in  Section  2.3.1) 
using  conventional  optimization  consists  of: 

Step  1)  Select  initial  vectors  aio  and  020  to  obtain  Fees- 

Step  2)  Select  the  tuning  frequencies  and  measure  Fact  and  calculate  Fees- 

Step  3)  Evaluate  (2. 3.4-1),  if  E  is  an  acceptable  predetermined  small  value  the  tuning  is 
complete,  then  go  to  Step  6. 

Step  4)  If  E  is  not  acceptable  modify  a;  as  aih  +  Aoi.  Note  that  Aa^  must  be  chosen 
according  to  an  optimization  strategy,  au  is  the  previous  value  of  Oj  obtained  at  the 
k  —  1  step  in  the  interation.  By  definition,  this  interation  starts  with  aio 


Step  5)  Go  back  to  Step  2. 

Step  6)  Tuning  has  been  completed  and  the  correction  vector  Aai  has  been  found  that 
minimizes  (2. 3.4-1). 

The  optimization  strategies  used  in  this  report  include: 


(i)  Methods  using  only  the  functional  values,  denoted  as  direct  methods  [39,  40]. 

(ii)  The  methods  making  use  of  both  functional  values  as  well  as  the  first-order  derivatives. 

These  methods  are  called  gradient  methods  [39,  41,  42 j. 

Th«  methods  in  category  (i)  are  often  less  efficient  than  methods  in  category  (ii). 
However,  there  are  situations  where  methods  in  category  (ii)  cannot  be  applied  because 
no  first-order  derivative  information  is  available.  In  other  cases,  where  the  error  (or  cost) 
function  has  many  local  extrema,  the  methods  in  (ii)  may  be  more  prone  to  converge  to 
unacceptable  local  extrema. 

The  direct  methods  explore  a  neighborhood  of  a  chosen  initiad  point  oio-  If  a  promising 
direction  is  found,  then  the  error  function  is  evaluated  in  the  same  direction  by  increasing 
the  step  size  until  no  points  oi  with  lower  error  function  is  located.  After  several  consec¬ 
utive  step  size  decreases,  a  new  exploratory  search  is  initiated.  These  methods  try  to  find 
directions  that  minimiz«=  the  error  function  and  follow  those  directions.  The  fundamental 
differences  among  the  direct  methods  is  the  way  they  generate  the  exploratory  directions. 

Rosenbrock’s  method  [39]  involves  an  exploratory  search  by  generating  n  mutually 
orthogonal  directions  in  each  cycle.  A  cycle  ends  when  at  least  one  trial  has  been  successful 
and  one  trial  failed  in  every  direction. 


Powell’s  method  [40]  is  difiereni  from  Rosenbrock’s  in  that  the  exploratory  search  tries 
to  locate  the  minima  rather  than  points  with  lower  error  functional  values  and  that  search 
along  the  conjugate  directions  rather  than  orthogonal  directions. 


Gradient  Methods  [39,  41,  42]  use  the  fact  that  the  negative  of  the  gradient  vector 
gives  the  direction  of  the  fastest  decrease  of  the  error  function  E{a\)  in  the  neighborhood 
of  ai.  Assume  that  starting  from  ai<,,  vectors  an,  •  .  •,  air»  have  been  generated.  The 
next  vector  ai(*+i)  is  chosen  as 

=  ai(jk)  -  tjferjfe  (2.3.4  -  3) 

where  fjk  =  S^B(aik)  and  tje  is  some  positive  scalar  quantity  and  is  determined  by  solving 
the  one-dimensional  minimization  problem 


min  iJ(aiife  -  t^r*) 

tk>0 


(2.3.4  -  4) 


This  version  of  the  gradient  method  is  called  the  optimal  gradient  method.  Some  of 
the  most  popular  gradient  methods  have  been  reported  by  Fletcher  and  Powell  [41].  In 
particular,  for  the  steepest  descent,  we  have 


VEk 

for  the  Fletcher  and  Powell  Technique  [41] 


(2.3.4  -  5) 


rk  =  HkV  Ek 


(2.3.4  -  6) 
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where  Hk  is  the  approximation  to  the  inverse  of  the  Hessian  matrix  H,  (H,/  = 
d'^E IdoLudaxj).  A  linear  search  is  required  for  this  approximation.  R.  Fletcher  [42] 
m  1970  reported  an  approach  based  upon  a  variable  metric  method  (VMM)  in  which  the 
linear  search  sub-problem  no  longer  becomes  necessary. 

A  “hard”  problem  with  respect  to  optimization  can  be  characterized  in  a  number  of 
ways: 

i)  Large  number  of  independent  variables 

ii)  Large  number  of  local  minima 

iii)  Large  number  of  solutions,  many  of  which  are  unacceptable 

iv)  Little  knowledge  of  the  solution  or  whether  it  exists 

v)  Complicated  constraints  on  the  variables 

vi)  Highly  nonlinear  space  in  the  region  of  the  solution 

vii)  The  order  of  the  system  model  is  lower  than  the  (physical)  system  to  be  optimized 

(Over-Ordering). 

Characteristic  vii)  is  due  to  the  fact  that  all  (or  some)  parasitic  components  are  ne¬ 
glected  or  can  not  be  measured  in  the  physical  system  model  of  systems  such  as  the  DCASP 
structure  discussed  previously.  The  problem  of  functionally  tuning  most  filter  structures  in 
genercil  zmd  specifically,  the  problem  of  tuning  OTA-C  filters  iising  optimization  techniques 
is  difficult,  since  most  of  the  above  characteristics  are  inherent  in  these  circuit  structures. 


Remarks 

•  Selection  of  Optimization  Algorithm 

It  is  important  that  a  good  starting  point  (initial  guess)  be  determined  for  a  given 
circuit  before  an  attempt  is  made  to  tune  that  circuit.  Observe  that  for  a  poor  initial 
guess,  gradient  information  is  far  too  local  and  aids  very  little.  In  fact,  in  very  nonlinear 
problems,  truncated  Taylor  Series  methods  using  derivative  information  perform  poorly. 
Besides,  in  these  cases  a  Hessian  approximation  by  first  derivatives  is  as  ineffective,  math¬ 
ematically,  as  any  quasi-Newton  technique.  Direct  methods  in  many  cases  can  provide, 
in  particular  when  a  poor  initial  guess  is  available,  feasible  solutions,  although  they  have 
poor  convergence  properties  close  to  the  solution.  An  optimum  switching  procedure  for 
changing  from  one  algorithm  to  another  may  be  desirable. 
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•Selection  of  IVequency  Points  and  Weighting 

Indiscriminate  use  of  excess  points  might  lead  to  ill  conditioning  of  the  resulting 
system  of  non-linear  equations.  It  is  often  recommended  to  take  twice  the  number  of 
variable  elements  as  an  acceptable  number  of  frequency  points.  On  the  other  hand,  the 
number  of  evaluations  of  the  error  function  as  well  as  the  number  of  frequency  points  must 
be  kept  small  to  reduce  the  tuning  time.  Besides,  weighting  applied  to  a  few  optimally 
placed  frequency  points  is  usually  needed.  There  are  cases  where  a  fixed  weighting  or 
sampling  strategy  is  not  convenient  over  the  entire  optimization  process. 


Results  and  Discussion 

Conventional  direct  optimization  algorithms  of  Rcsenbrock  [39]  and  Powell  [40j  were 
applied  to  tune  several  sample  filters.  Convergence  for  second-order  transfer  functions  or 
cascade  of  second-order  transfer  functions  was  relatively  easy  to  obtain  for  good  initial 
guesses. 

For  high-order  transfer  functions  we  have  applied  the  direct  optimization  techniques 
to  a  fourth-order  transfer  function.  We  split  this  problem  into  two  cases;  a)  Product  of 
two  second-ordertransfer  functions,  and  b)  Ratio  of  two  fourth-order  polynomials.  In  both 
cases,  for  poor  inlUal  guesses  the  convergence  was  poor.  For  good  initial  guesses,  the  ratio 
of  polynomials  (Case  b))  model  presented  convergence  problems. 

For  illustration  purposes  consider  the  following  cases.  Consider  initially  a  4'^^  order 
Chebyshev  Bandpass  Filter  scaled  at  u;<,  =  1.  The  general  form  of  the  transfer  function  is 
charcicterized  by: 


Hdesi{^) 


+  ai,s  +  ao, 


<128  3^+01,5  +  00, 


Hdes  can  also  be  expressed  in  rational  fraction  form  as: 


(2.3.4  -  -7) 


HdES2{s) 


_ ^ _ 

+  Ass^  +  A23^  +  Ais  +  Ao 


(2.3.4  -  -8) 


The  desired  coefficient  values  are  assumed  to  be: 

02,,  oi,,  oo,}  =  {0.146,  1,  1.1069,  0.08706} 

02,,  Ola,  ®o,}  =  {0.130,  1,0.88149,  0.07751} 

{B2,  A4,  As,  A2,  Ai,  Ao}  =  {0.01898,  1,  0.16457,  1.9951,  0.16254,  0.97572} 


The  importance  of  the  initial  guess  (preliminary  design)  in  filter  design  optimization  is 
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emphasized  by  the  following  numerical  examples.  In  all  cases  16  frequency  points  were 
chosen  and  the  Rosenbrock  Optimization  Technique  was  employed  to  obtain  the  final 
design. 

Fig.  2. 3.4-1  shows  the  frequency  responses  of  the  initial  design,  desired  and  final 
design  for  the  rational  fraction  form  of  the  response  (2.3.4-8)  Hdes7{^)~  The  final  design 
is  based  upon  convergence  of  the  Rosenbrock  algorithm  to  a  local  minimum.  Similarly, 
Fig.  2.3.4-2  and  Fig.  2.3.4-3  illustrate  the  optimiztion  for  Hdesi{^)  of  (2.3.4-7).  The 
initial  guess  for  the  later  two  optimizations  were  close  enough  to  provide  a  final  design 
matching  very  well  the  desired  response  for  HpESiis)- 

Observations 

Solutions  are  very  much  dependent  on  the  initial  (guess)  design.  Even  though  tin  initial 
design[{6i,,  oj,,  ai^,  ao,}°  =  {0.09,  1,  .06,  1.0}  and 

{^lai  a2aj  <ii2,  =  (0.095,  1.0,  .056,  .08}]  for  the  optimization  depicted  in  Fig. 

2. 3.4-1  has  a  shape  very  similar  to  that  of  the  desired  response,  the  final  response  differs 
significantly  from  the  desired  response. 

The  initial  guess  [{6i,,  02,,  ci,,  ao,}*^  =  (0.9,  1,  0.5,  40}  and  (61,,  02,,  ai,,  aoj}°  = 
(0.8,  1,  0.487,  50}]  for  the  optimization  depicted  in  Fig.  2. 3. 4-2  i«  relatively  far  from  the 
desired  response;  however,  convergence  to  the  desired  response  w..'  .ichieved.  The  initial 
guess  for  the  optimization  of  Fig.  2.3.4-3  [{61,,  02,*  Q0i}°=  *4,  1.0,  0.088,  100} 

and  {6ij,  022^  Oia*  <*02}^  “  (0.12,  1.0,  0.076,  0.98}]  has  a  very  li.  ^^rent  shape  from  the 
desired  response  but  the  algorithm  is  capable  of  meeting  specificai  .'in  the  final  design. 

The  optimization  prc’^lero  is  difficult,  in  particular,  when  one  0:  ;.iure  of  the  following 
conditions  exist; 

•  Large  number  of  independent  vciriables 

•  Large  number  of  local  minima 

•  Little  knowiedge  of  the  solution  or  whether  it  exists 

•  Complicated  constraints  on  the  vtiriables 

•  Highly  nonlinear  space  in  the  region  of  the  solution 

•  The  order  of  the  sy.stera  model  is  lower  than  the  (physical)  system  to  be  optimized. 
The  tuning  of  OTA-C  filters  involves  most  of  the  problems  above  mentioned. 

When  a  good  model  of  the  system  is  available  the  convergence  of  the  optimization 
algorithm  improved  drastically.  These  results  are  presented  in  Section.  2.3.3,  with  a 
modified  Newton-Raphson  technique.  However,  when  the  order  of  this  physical  system  is 
greater  than  the  order  of  the  simplified  model,  severe  problems  of  convergence  arise. 
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Fig.  2.3.4-1  Chebyshev  Bandpass  Filter 


# 


d 

LU 

CU 

u. 

in 


2.3-21 


Fig.  2. 3.4-3  Chebyshev  BP  Filter 


3.4  DCASP  TUNmC  HOST 


The  purpoee  of  the  tuning  host  is  to  provide  an  environment  for  the  development  and 
testing  of  tuning  algorithms  as  well  as  hardware  confirmation  of  the  CSP  and  performance 
detector.  In  previous  sections,  we  have  investigated  the  basic  architecture  and  control 
algorithms  of  a  digital  controller /performance  detector/CSP  scheme.  The  tuning  host 
plays  the  role  of  a  preliminary  version  of  the  digital  controller  which  will  be  used  during 
the  development  stage. 

The  characterization  of  the  CSP  and  performance  detector  will  be  hzmdled  sequen¬ 
tially.  Initially,  the  tuning  host  will  be  configured  to  test  the  CSP.  In  this  characterization, 
both  the  exciter  and  the  performance  detector  will  be  stamdard  external  test  equipment. 
The  tuning  host  is  a  PC-based  measurement  and  control  system  which  interfaces  several 
pieces  of  test  equipment. 


2.4-1  Hardware  and  Software 

A  block  diagram  of  the  DCASP  Tuning  Host  System  is  shown  in  Figure  2.4-1.  This 
configuration  includes:  An  HD6801  Single  Chip  Microcomputer,  as  the  CSP  controller;  an 
HP  Vectra  Personal  Computer  (IBM  AT  compatible),  as  the  tuning  host  controller;  an 
HP3585A  Spectrum  Analyzer,  as  the  Performance  Detector;  and  an  HP  plotter  to  provide 
graphical  output. 

The  HP  Vectra  is  an  80286-based  personal  computer  which  is  widely  used  for  instru¬ 
mentation  purposes.  As  a  tuning  host,  this  system  is  configured  as  follows: 

1.  20  Mb  Hard  disk 

2.  1  Mb  RAM 

3.  HP-IB  Instrument  Interface  Bus 

4.  Interface  Bus 

5.  Serial  Communication  Port 

6.  Parallel  Port 

7.  80287  Co-processor 
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Fig.  2.4-1:  Tuning  Host  Block  Diagram 


As  shown  in  Fig.  2.4-2(a),  the  HD  6801  is  an  8-bit  single  chip  microcomputer  unit 
which  includes  128  bytes  of  RAM,  Serial  Communication  Interface  (SCI),  four  Parallel  I/O 
ports,  a  three-function  programmable  timer,  and  2068,  4096  or  8192  bytes  of  EPROM  on 
a  single  package.  The  HD  6801  is  used  to  provide  mechanisms  for  controlling  the  CSP. 
A  schematic  diagram  of  CSP  Controller  circuit  is  shown  in  Figure  2.4-3,  where  Port  3 
(P3)  and  Port  4  (P4)  of  the  HD6801  computer  are  used  to  address  controlling  data  to 
program  the  CSP  chip.  There  is  a  row  of  seven  switches  on  board,  3  of  which  determine 
the  operating  mode  of  the  HD6801  and  the  remainder  of  which  determine  which  program 
is  to  be  run.  The  on-chip  Serial  Communication  Interface  (SCI)  is  also  used  to  provide 
linkings  between  the  CSP  and  the  host  computer.  The  SCI  includes  four  addressable 
registers  as  depicted  in  Figure  2.4-2(b).  It  is  controlled  by  the  Rate  and  Mode  Control 
Register  (RMCR)  and  the  Transmit/Receive  Control  and  Status  Register  (TRCSR).  Data 
is  transmitted  and  received  utilizing  a  write-only  Transmitted  Data  Register  (TDR)  and 
a  read-only  Transmitted  Data  Register  (TDR)  and  a  read-only  Received  Data  Register 
^RDR).  The  shift  registers  are  not  accessible  to  software.  In  addition,  a  4.9152  MHZ 
clock  is  used  to  provide  the  right  baud  rate  for  communication.  The  HP  3585A  Spectrum 
Analyzer  (see  Fig.  2.4-4)  covers  the  lOHz  to  40.1  MHz  frequency  range.  It  can  be  used  as  a 
stand-alone  bench  instrument,  or,  through  its  IEEE-488  interface,  it  can  be  connected  to 
a  computer  controller  (the  Vectra  PC  in  this  application).  The  3585 A  provides  a  graphic 
display  of  the  spectral  components  of  the  input  signal.  Its  tracking  generator  can  be  used 
as  a  driv<;  signal  for  the  test  circuit.  In  addition,  the  parameters  are  entered  by  keyboard 
instead  of  more  coventional  knobs.  The  keyboard  controls  are  completely  programmable 
through  its  IEEE-488  interface. 


2.4. 1.1  Software  Environment: 

Various  software  has  been  developed  on  both  the  Host  computer  and  the  CSP  con¬ 
troller  to  provide  some  basic  functions  to  support  tuning  development.  They  are  classified 
into  the  following  groups  in  accordance  with  their  usages: 

1.  Data  link  Modules: 

This  library  is  written  for  asynchronous  serial  communication  between  the  HD6801 
and  the  Vectra  host.  The  data  link  protocol  adopted  here  is  a  subset  of  the  Semi  Equip¬ 
ment  Communication  Standard  1  (SECS-1)  data  link  protocol.  This  standard  defines 
point-to-point  communication  of  messages  utilizing  RS-232-C  zmd  voltage  levels.  The  op¬ 
eration  of  the  protocol  is  best  understood  by  following  the  flow  diagram  in  Figure  2,4-5 
assuming  that  the  same  protocol  is  implemented  on  both  Vectra  and  HD6801  sides.  There 
are  five  major  functions  (subroutines)  which  have  been  written.  On  the  Vectra  side,  the  C 
language  is  used;  while  on  the  CSP  side,  6801  Assembly  language  is  used: 


(i)  Initialization  (Subroutine  “Comm-initO”  on  Vectra,  “INITSCF  on  HD6801) 


Fig.  2.4-2b:  SCI  Registers  in  HD  6801. 


► 


DPST  DIP 


u 

a 

a. 

z 

vt 

lljUJ 

a 

Ui 

^QC 

at 

> 

U. 

(U 

1 

> 

1 

0. 

Vt 

o 

< 

H 

3| 

cs 

3 

PQ 

o  . fN  o.in  u 


«  o.'-'  a.' '  a."-  tsr 


S  X 

a 

a  ^ 
I  ° 


z 

a 

P  K 
a.  4  if 

w 

<  3  i2 
u  o  13 
”  u.  W 
z 
a 

C_) 


o  o 

o  y  •<■ 

>  z  in 


Fig.  2.4-3;  Digital  Controller  Board 


Fig.  2.4-4:  The  Front  View  of  the  HP  3585A  Spectrum  Analyzer. 


Both  the  communication  port  on  Vectra  and  the  SCI  on  HD6801  should  be  initialized 
to  the  same  parameters  such  that  they  can  communicate  each  other.  These  parameters 
are; 


Baud  Rate  =  9600  bps 
Parity  Checking  =  None 
Stop  bits  =  1 
Data  bits  =  8 

On  the  Vectra  side,  the  initialization  of  the  serial  asynchronous  communication  port 
can  be  done  by  using  the  internal  interrupt  (Interrupt  vector  =  14H)  supported  by  the 
Basic  Input  and  Output  System  (BIOS)  on  the  PC.  The  Ointerrupt  uses  three  parameters 
and  passes  them  by  registers  AH,  AL,  and  DX,  where  DX  contains  the  current  serial  port 
address  and  AH  contains  the  operation  code.  When  the  initialization  is  desired,  AH  is  set 
to  zero  and  AL  is  loaded  with  the  parameters.  After  initializing,  the  completion  status  of 
the  serial  port  will  be  returned  in  registers  AH  and  AL. 

On  the  HD6801  side  the  “INITSCP  routine  initializes  the  SCI  port  (See  Fig.  2.4-2(b)) 
by  sending  parameters  to  the  RMCR  (Rate  and  Mode  Control  Register)  and  enabling  the 
TRCSR  (Transmit/Receive  Control  and  Status  Register)  with  Transmit/Receive  modes. 
A  status  code  can  also  be  read  after  completion  of  initialization. 

(ii)  Send-single-character  (“send  (c)”  on  Vectra,  “SEND A”  on  HD6801)  This  function 
transmits  a  single  character  to  the  serial  output  line.  On  the  Vectra  side,  the  interrupt 
14H  is  used  by  setting  DX  =  0;  AH  =  1  (indicates  transmittmg);  and  the  AL  register 
is  loaded  with  the  character  to  be  transmitted.  On  the  HD6801  side,  the  character  is 
sent  to  the  TDR  (Transmitted  Data  Register)  on  the  SCI  port. 

(iii)  Listen-single-character  (“listen  (c)*  on  Vectra,  “RCVA”  on  HD6801)  This  function 
receives  a  single  chskracter  from  the  serial  input  line.  One  the  Vectra  side,  the  interrupt 
14H  is  used  by  setting  DX  =  0;  AH  =  2  (which  means  receiving).  On  the  HD6801 
side,  the  character  is  read  from  the  RDR  (Received  Data  Register)  on  the  SCI  port. 

(iv)  Transmitting  (“link-transmit  (N,  buffer)”  on  Vectra,  “TRLINK”  on  HD6801)  The 
rountines  allow  transmitting  a  block  of  characters  with  length  N  using  the  data  link 
protocol  as  shown  in  Figure  2.4-5.  The  data  link  is  initiated  by  sending  an  ENQ  to 
request  the  other  end  to  receive.  The  sender  waits  for  the  EOT  character  which  should 
be  replied  by  the  receiver.  Once  a  send  or  receive  state  has  been  properly  established, 
both  ends  of  the  data  link  are  prepared  for  communication.  The  first  character  sent  is 
a  length  byte  (N),  then  the  following  N  bytes  are  sent.  A  16-bit  checksum  calculated 
by  summing  these  N  bytes  is  then  transmitted.  A  correctly  received  message  should 
cause  the  receiver  respond  an  ACK  character,  otherwise,  an  NAK  character  will  be 
returned. 
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LISTEN... 


Listen... 


Fig.  2.4-5:  Flowcharts  for  Data  Link  Protocol. 


(v)  Receiving  (“link-receive  (N,  buffer)”  on  Vectra,  “RCVLINK”  on  HD6801):  This  pro¬ 
cedure  receives  a  block  characters  and  stores  them  in  the  “buffer”  area.  After 
receiving  an  ENQ  characters,  the  receiver  replies  an  “EOT”  character  to  indicate 
readiness  for  the  length  byte(N)  and  data  from  the  sender.  After  the  last  character 
is  received,  the  receiver  compares  the  two  check  bytes  against  its  own  computation  of 
the  checksum.  An  improper  checksum  will  let  the  receiver  send  a  NAK(Not  Acknowl¬ 
edged)  to  the  sender.  If  the  message  is  received  correctly,  the  receiver  will  return  an 
ACK  to  the  sender. 


2.  Spectrum  Measurement  Modules: 

These  procedures  (subroutines)  are  written  in  the  C  language  to  access  the  HP3585A 
remotely  through  the  IEEE-488  (or  HP-IB)  bus  by  calling  the  “HP-IB  Command  Library” 
which  is  supported  by  Hewlett  Packard.  The  Spectrum  Measurement  Modules  are  de¬ 
veloped  to  collect  reliable  data  measured  from  the  HP3585A,  which  is  used  to  provide 
accurate  performance  information  for  Tuning  test.  A  brief  description  of  these  modules  is 
given  below: 


(i)  Spectrum  Reading  routine: 

Calling  Sequence: 

Samples  (amplitude,  frequency,  a-or-b,  no-of-samples,  linear,  ref-level,  db-dir,  start-f, 
stop-f) 


The  input  parameters  are  defined  as  follows: 


amplitude: 

frequency: 

a-or-b: 


the  starting  address  of  amplitude  data  array 
the  starting  address  of  frequency  data  array 
a  flag  indicating  which  trace  (A  or  B)  to  be  read  on  the  HP3585A 
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no-of-samples: 

an  integer  specifying  how  many  data  pairs  (amplitude  and  fre¬ 
quency)  to  be  sampled. 

linear: 

a  flag  which  determines  the  data  pairs  are  sampled  in  either  a 
logarithmic  or  a  linear  scale  with  respect  to  the  frequency  axis. 

ref-level: 

reference  level  on  the  HP3585A 

db-div: 

dB  per  division  on  the  HP3585A 

start-f: 

start  frequency  on  the  HP3585A 

stop-f: 

stop  frequency  on  the  HP3585A 

This  subroutine  reads  “no-of-samples*  pairs  of  amplitude  and  frequency  data  from  the 
HP3585A  spectrum  analyzer,  where  “no-of-szonples”  ranges  from  1  to  1001.  These  data 
pairs  are  returned  in  the  “frequency”  and  “amplitude”  arrays  to  the  calling  program. 


(ii)  Spectrum  Concatenate  Routine: 

Calling  Sequence: 

Concat  (amplitude,  frequency,  a-or-b,  samples-per-decade,  ref-level  ,db-div,  start-f, 

stop-f) 

Most  parameter  definitions  are  the  same  as  previous  “samples”  procedure  except  the 
“samples-per-decade.”  When  calling  “samples”  routine  by  setting  “lineao’”  flag  to  zero,  we 
can  sample  the  displaying  trace  on  the  HP3585A  logarithmically.  However,  if  the  spectrum 
spans  several  decades  in  frequency,  the  quantizing  errors  may  be  considerably  large  since 
the  HP3585A  is  not  log  scaled  in  frequency  axis.  Therefore,  the  “concat”  routine  will 
sample  all  decades  in  the  frequency  span  and  then  “concatenate”  these  decades  together. 
The  parameter  “samples-per-decade”  specifies  the  number  of  data  pairs  to  be  sampled  for 
each  decade.  The  number  of  decades  of  frequency  span  is  determined  by  computing  the  log 
difference  between  the  start  frequency  and  the  stop  frequency.  Then,  for  each  decade,  the 
routine  will  automatically  set  up  the  spectrum  analyszer  and  prompt  the  operator  pressing 
any  key  to  read  the  data  pairs  if  a  trustful  data  on  the  HP3585A  is  available.  Therefore, 
“concat”  is  also  a  routine  which  needs  interactive  responses. 


(iii)  Spectrum  Saving  Routine 
Calling  Sequence: 

Savetrace  (tracename,  amplitude,  frequency,  length) 
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The  parameter  ‘Hracename*  is  an  8-character  string  specifying  the  saving  file  name.  The 
‘‘length’*  is  an  integer  specifying  the  size  of  data  arrays.  This  routine  will  save  the  data 
arrays  “amplitude”  and  ‘frequency"  to  a  specified  disk  file  with  compact  binary  form. 


(iv)  Spectrum  Loading  Routine 
Calling  Sequence: 

load  trace(tracename,  amplitude,  frequency,  length) 

The  “loadtrace”  routine  loads  the  data  arrays  from  the  specified  disk  file  and  return  the 
eirrays  to  the  calling  program. 


(v)  Spectrum  Initialization  Routine: 

Calling  Sequence: 

Spec-init() 

The“Spec-init()”is  a  subroutine  which  initializes  the  IEEE-488  bus  and  enables  the  HP3585A 
for  remote  mode. 


(vi)  Getting  Parameters  Routine 

Calling  Sequence: 

get-parm{ref-level,  db-div,  start-f,  stop-f) 

All  the  parameters  have  been  described  in  spectrum  sampling  routine  “Samples.” 
These  parameters  are  of  great  importance  for  Spectrum  Measurement  Modules  and  Graph¬ 
ical  Output  Modules  since  they  uniquely  determine  the  ranges  of  amplitude  and  frequency 
axises.  The  “get-parm”  routine  reads  these  four  parameters  from  the  3585 A  and  return 
them  to  the  calling  program. 


3.  Graphic  output  Modules: 


Two  different  output  devices  are  of  interest  for  graphical  output;  an  HP  Plotter  and 
the  CRT  Screen.  These  procedures  provide  graphical  output  for  analysis  and  evaluation  of 
tuning  algorithms.  The  HP  Plotter  can  be  any  model  of  plotter  which  accept  HPGL  (HP 


Graphic  Language)  instructions.  The  plotting  algorithms  developed  for  both  devices  are 
essentially  the  same  except  for  some  primitive  functions  such  as  line-drawing  and  labeling. 
The  plotting  routines  ave  written  in  three  languages:  FORTRAN,  C,  and  8086  Assembly. 
This  multi-language  feature  provides  a  more  flexible  programming  environment  which  is 
adaptable  to  various  programming  languages. 

(i)  Dot  Plotting  Routine 

Calling  Sequence: 
pixel  (x,y, on-off) 

This  primitive  graphic  routine  is  coded  in  Assembly  language.  The  routine  turns  the 
specified  pixel  position  (x,y)  on  or  off,  depending  on  the  value  of  on-off  flag.  This  routine 
is  used  by  the  Ime-drawing  routine  to  generate  a  straight  line  on  the  CRT  screen. 

(ii)  Screen  Mode  Routine 

Calling  Sequence: 
screen  (mode) 

This  routine  initializes  the  CRT  screen  mode  as  the  following: 

Mode  Description 

0  80  X  25  TEXT  MODE 

1  200  X  320  Color/Graphics,  40  x  25  TEXT  MODE 

2  200  X  640  HR  GRAPHICS,  80  x  25  TEXT  MODE 

Where  mode  2  is  set  before  performing  any  other  plotting  functions.  This  routine  is  also 
written  in  Assembly. 

(iii)  Cursor  Positioning  Routine 

Calling  Sequence: 

Set-Cursor  (row,  colunm) 

This  procedure  sets  the  cursor  position  to  the  specified  (row,  column)  position  on  the  CRT 
screen.  The  “Set-Cursor”  is  called  by  the  GGLABL  routine  used  for  CRT  labeling. 

(iv)  Line  Drawing  Routines 

Calling  Sequence: 

GGVEC(xl,yl,x2,y2) —  for  CRT  Screen 
HPVEC(xl,yl,x2,y2) — for  HP  Plotter 

The  “HPVEC”  routine  is  simply  one  single  line  of  HPGL  (HP  Graphics  Language)  in¬ 
structions  which  point  from  (xl,  yl)  to  (x2,  y2).  The  “GGVEC,”  however,  is  using  more 
complicated  algorithm  to  draw  a  line  between  two  points  since  the  CRT  screen  is  a  raster¬ 
scanning  graphic  device.  The  GGVEC  and  HPVEC  routines  have  been  called  extensively 
by  the  Grid-Plotting  and  Trace-Plotting  routines. 
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(v)  Labeling  Routines: 

Calling  Sequence: 

HPLABL(P-8tring,  x,  y,  direction) — for  HP  Plotter 

GGLABL{P-string,  x,  y,  direction) — for  CRT  Screen 

The  “HPLABL”  labels  a  character  string  (addressed  by  “P-String”)  starting  from  the 
point  (x,  y)  in  the  direction  of  “direction"  on  an  HP  Plotter.  The  direction  may  be  either 
left  to  right  (default),  right  to  left,  bottom  to  up,  or  up  to  bottom  .  The  “GGLABL”  does 
exactly  the  same  thing  except  that  the  output  device  is  the  CRT  screen.  These  routines 
are  called  by  the  Grid-Plotting  routines  to  label  the  axis,  scales,  titles,  etc. 

(vi)  Grid-Plotting  Routines: 

Calling  sequence: 

CALL  GGGRID(Xl,lY,X2,Y2,XMIN,YMIN,XMAX,YMAX,xNGX,NGY, 
1NSX,NSY,L0GX, LOGY)— for  CRT  Screen 

CALL  HPGRro(Xl,Yl,X2,Y2,XMIN,YMIN,XMAX,YMAX,NGX,NGY, 
1NSX,NSY,L0GX, LOGY)— for  HP  Plotter 

GGGRID  draws  a  plotting  grid  on  the  page  along  with  scale  values  for  both  X  and 
Y  axes,  where  the  ‘X’  axis  is  the  horizontal  axis,  and  the  ‘Y’  axis  is  the  vertical  axis.  The 
function  of  HPGRID  is  to  plot  the  grid  oii  those  plotters  accepting  HPGL  commands.  The 
calling  sequence  and  input  parameters  are  exactly  the  same  as  the  GGGRID  routine.  Both 
HPGRID  and  GGGRID  routines  were  written  in  FORTRAN. 


Input  pairameters: 


XI 

is  the  X  page  address  of  left  hand  bottom  corner  of  the  grid 
(between  0  and  199)  (Integer) 

Y1 

is  the  Y  page  address  of  left  hand  bottom  corner  of  the  grid 
(between  0  and  639)  (Integer) 

X2 

is  the  X  page  address  of  the  upper  right  hand  corner  of  the  grid 
(between  0  and  199)  (Integer) 

Y2 

is  the  Y  page  address  of  the  upper  right  hand  corner  of  the  grid 
(between  0  and  639)  (Integer) 

XMIN 

is  the  minimum  value  of  X  (Real) 

YMIN 

is  the  minimum  value  of  Y  (Real) 

XMAX 

is  the  maximum  value  of  X  (Real) 

YMAX 

is  the  maximum  value  of  Y  (Real) 

NGX 

is  the  number  of  X  grid  lines  (see  linear  grids  or  log  grids  for  a 
discussion  of  how  NGX  is  used).  (Integer) 

NGY 

is  the  number  of  Y  grid  lines  (see  linear  grids  or  log  grids  for  a 
discussion  of  how  NGY  is  used).  (Integer) 

NSX 

is  the  number  of  X  scaling  (tic  mark)  values  (see  linear  grids  or 
log  grids  for  a  discussion  of  how  NSX  is  used).  (Integer) 

NSY 

is  the  number  of  Y  scaling  (tic  mark)  values  (see  linear  grids  or 
log  grids  for  a  discussion  of  how  NSY  is  used).  (Integer) 

LOGX 

=  0  if  X  is  to  be  plotted  on  a  linear  scale  otherwise  X  is  to  be 
plotted  on  a  log  scale.  (See  log  grids  for  a  discussion  of  how 
LOGX  is  used.)  (Integer) 

LOGY 

=  0  if  Y  is  to  be  plotted  on  a  linear  scale  otherwise  Y  is  to  be 
plotted  on  a  log  scale.  (See  log  grids  for  a  discussion  of  how 
LOGY  is  used.)  (Integer) 

NGX,  NGY,  NSX,  NSY,  LOGX,  and  LOGY  usage  for  linear 
and  log  grids 

The  following  paragraphs  discuss  the  usage  of  the  number  of  grid  lines,  number  of  scaling 
values,  and  linear-log  parameters  for  linear  and  log  axis.  Substitute  “X”  or  “Y”  for  “?” 
wherever  “?”  appears;  for  example  LOG?  stands  for  LOGX  or  LOGY.  The  direction, 
left-right-up-down,  used  in  the  case  of  the  X  axis  is  always  given  first;  for  example,  left 
(bottom)  means  left  in  the  case  of  the  X  axis  or  bottom  in  the  case  of  the  Y  axis. 

Linear  Grids  (LOG?=0) 


NG?  The  axis  is  divided  into  NG?  minus  one  equal  sized  sections  and 

NG?  lines  are  drawn  bounding  those  sections. 

NG?  equal  to  one  draws  only  the  axis,  left  (bottom);  NG?  equal  to 

two  draws  the  axis  and  margin,  right  (top);  NG?  equal  to  three 
draws  a  the  axis,  the  margin,  and  a  line  a  the  center;  etc. 

NS?  The  axis  is  divided  into  NS?  minus  one  equal  sized  sections 

and  NS?  tic  marks  with  scale  values  eu'e  drawn  marking  the 
boundries  of  those  sections.  If  NS?  is  less  than  one,  no  tic 
marks  are  drawn.  When  tic  marks  with  scale  values  are  drawn 
on  the  outside  of  the  grid  area. 


Log  Grids  (LOG?.NE.O) 
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NG?  <=0  no  decade  or  sub-decade  lines,  decade  or  sub-decade  tic 

marks,  or  axis  are  drawn. 

>0  decade  and  sub-decade  lines  and/or  tic  marks  are  controlled 
by  LOG?  value;  axis  is  controlled  by  NG?. 

=  1  axis,  left  (bottom),  is  drawn. 

>=  2  axis  and  margin,  right  (top),  are  drawn. 

LOG?  <0  draw  any  tic  marks  on  the  bottom  (left)  side  of  the  grid 

only. 

>0  draw  any  tic  marks  on  the  bottom  (left)  side  of  the  grid  and 
the  top  (right)  side  of  the  grid. 

If  tic  marks  are  drawn  they  are  drawn  inside  the  grid  area. 


IABS(LOG?) 


=1  don’t  draw  any  lines  or  tic  marks. 

=2  draw  tic  marks  at  decades  only. 

=3  draw  tic  marks  at  decades  and  sub-decades. 

=4  draw  lines  at  decades  only. 

=5  draw  lines  at  decades  and  tic  mau'ks  at  sub-decades. 

=6  draw  lines  at  decades  and  sub-decades. 

NS?  <=0  don’t  draw  any  scale  tic  marks  or  values. 

>0  draw  scale  tic  marks  with  printed  powers  of  ten  at  each 
decade  on  the  outside  of  the  grid  area. 

(vii)  Trace-plotting  routines: 

Calling  Sequence: 

spec-plot  (trace,  freq,  length,  title, 

xpl,yplpq)2,yp2, 

ref-level, db-div,start-f,stop-flinear-x,  spectrum-only)-for  crt  screen, 
spec-hp-plot  (trace, freq,  length,  title, 
xpl,ypl,xp2,yp2, 
ref-level, db-div,start-f. 


stop-f,linear-x,  spectrum-only,  pen-number) -for  HP  Plotter 


Input  parameter  description: 

trace[  ] 

:array  containing  the  data  to  be  plotted. 

length 

:  length  of  data  in  array  trace[  ]. 

title 

:  the  name  of  the  trace. 

xpl,ypl 

:  coordinate  of  the  left  lower  point. 

xp2,yp2 

:  coordinate  of  the  right  upper  point. 

ref-level 

:  reference  level. 

db-div 

:  db  per  division. 

start-f 

:  start  frequency. 

stop-f 

:  stop  frequency. 

linear-x 

:  a  flag  indicates  the  linear  scaling  is  activated  along  x-axis.  If 
linear-x  =  0  then  the  x  axis  is  log  scaled.  The  value  of  linear-x 
also  indicates  the  number  of  grids  (or  tic  marks)  to  be  drawn, 
(see  the  GGRID  FORTRAN  source  for  detail) 

spectrum-only: 


equals  0  if  both  gridings  and  spectral  informations  are  desired 
equals  1  for  drawing  only  spectral  data 

pen-number:  pen-number  'is  an  integer  from  1  to  8  which  specifies  the  pen  of  the  hp  plotter 
to  be  used  to  draw  the  trace. 

The  routines  plot  the  measured  data  (in  forms  of  Amplitude  and  frequency  arrays)  on 
HP  plotter  or  CRT.  Similar  to  Grid-plotting,  many  flexible  features  are  provided,  and  the 
same  algorithm  is  applied  for  both  devices. 


(III.)  Tests  of  Tuning  Host: 


It  is  very  important  that  the  tuning  hoet  should  be  verified  to  function  as  expected. 
As  a  result,  tests  of  the  software/hardware  described  above  are  required. 

For  the  Data  Link  Modules,  Transmitting  and  Receiving  tests  have  been  conducted 
between  two  identical  Vectra  PC’s.  The  results  showed  that  up  to  255  bytes  of  data 
can  be  successfully  transmitted  and  received  in  one  block  using  the  SECS-1  protocol. 
In  fact,  the  protocol  we  used  here  Is  only  a  subset  of  SECS-1  in  the  way  that  it  doesn’t 
support  “timeout"  checking.  The  data  link  between  the  Vectra  PC  and  DCASP  Controller 
(HD6801),  has  not  yet  been  verified.  The  maximum  “block  size"  for  the  Vectra-  HD6801 
link  can  be  no  more  than  128  bytes  since  the  HD6801  supports  limited  on-chip  Read- Write 
Memory. 

In  order  to  test  the  spectrum  measuring  as  well  as  Graphic  Output  procedures,  a  C 
program  named  “SPEC”  has  been  written.  This  menu-driven  program  provides  typical 
functions  such  as  reading  a  trace,  loading  the  trace,  saving  the  trace,  and  plotting  the  trace 
on  either  CRT  or  Plotter.  The  reading  routine,  which  actually  just  calls  the  ‘^concatenate” 
procedure  mentioned  previously,  shows  a  really  nice  feature  that  significantly  increzises  the 
resolution  and  Improves  the  quzuitization  error  due  to  logzu’ithmic  sampling.  [Figure  2.4-6] 

More  tests  have  been  planned  to  be  conducted  and  more  options  may  be  added  to  the 
program  “SPEC”  to  test  both  spectrum  and  graphic  routine.  The  data  link  procedures  on 
the  HD6801  side  can  be  verified  by  sending  some  CSP  control  parameters  from  the  Vectra 
PC.  After  the  tuning  algorithms  are  well  developed,  an  “automatic”  tuning  host  can  be 
implemented  by  using  these  modules. 


2.5  CSP  Control  and  Memory  Map 


The  Controlled  Signal  Processor  (CSP)  in  DCASP-2  is  totally  programmable  and 
reconfigurable.  A  21  bit  system  bus  is  used  for  configuring  the  CSP.  This  system  bus  is 
decomposed  into  a  12  bit  predecode  address  bus  (Aq  -  An),  an  8  bit  data  bus  (£)„»  •  •  •D^) 
and  a  1  bit  clock  line.  The  CSP  is  comprised  of  3  biquads,  any  or  all  of  which  can  be  used 
simultaneously  in  the  creation  of  system  transfer  functions  of  up  to  order. 

A  block  diagram  of  the  DCASP-2  architecture  which  includes  the  CSP  and  the  per¬ 
formance  detector  and  which  shows  the  address  and  data  bus  structure  is  shown  in  Fig. 
2.5-1.  A  description  of  the  major  blocks  in  this  diagram  follows. 

1.  Level  Shifters.  The  external  digital  signals  are  assumed  to  have  standard  TTL  logic 
levels  of  0-5  volts.  The  internal  digital  circuits  use  CMOS  logic  levels  of  ±5  volts. 
The  level  shifters  are  simply  a  pair  of  CMOS  inverters  sized  to  provide  the  logic 
level  shift  and  necessary  drive  for  the  internal  busses.  The  level  shifter  also  provides 
complementary  outputs,  as  required  by  the  Address  Predecode  circuitry. 

2.  Address  Predecode.  The  decoding  of  a  6  bit  address  on  the  address  bus  at  each 
addressable  element  is  very  awkward.  CMOS  NAND  gates  with  more  than  4  inputs 
which  could  conceptually  be  used  for  this  purpose  are  generally  deemed  impractical. 
The  6  bit  address  bus  (Aq  —  As)  is  predecoded  into  a  12  bit  predecoded  address  bus 
[Pq  -  Pii).  It  can  be  shown  that  this  allows  use  of  a  3  input  NAND  gate  for  final 
address  decoding  at  each  addressable  element. 

3.  System  Bus.  The  21  line  system  bus  is  composed  of  the  8  data  lines  [Do  -  £>7),  the  12 
predecoded  address  lines  [Pq  -  Pa)>  and  the  system  clock.  The  system  bus  handles 
all  of  the  digital  system  control  except  for  that  of  the  Performance  Detector  which 
has  several  of  its  own  control  lines. 

4.  Analog  Bus.  The  analog  bus  is  composed  of  the  analog  reference  voltages  cind  analog 
input/output  signals  for  both  individual  filter  biquads  and  the  overall  chip.  Portions  of 
the  analog  bus  are  purely  internal  to  the  CSP  amd  others  are  also  external.  The  analog 
voltage  references  consist  of  VV/+  and  Vrf—  (which  controls  the  range  and  resolution 
of  attainable  pole  frequencies  via  the  fine  adjust  of  gmi  1,31,3)1  and  ^rq-'  (which 
controls  the  range  and  resolution  of  attainable  pole  Q’s  via  the  fine  adjustment  of 

5.  CSP  (Controlled  Signal  Processor).  The  CSP  is  a  digitally  controlled  analog  signal 
processing  block.  The  implemented  CSP  contains  transconductance  amplifiers  with 
voltage  controlled  transconductances  and  a  digitally  controlled  capacitor  array.  The 
topology  of  the  CSP  can  also  be  modified  by  use  of  digitally  controlled  switches. 

6.  Latch.  The  latch  shown  is  a  2  bit  ADL  (Address  Decoder  and  Latch)  as  described 
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in  Fig.  2.5-2.  This  AOL  (hereafter  termed  “latch”)  controls  the  state  of  the  Input 
Switch  (5i)  and  Response  Switch  (Sj).  Similar  latches  will  be  employed  at  every 
addressable  element  internal  to  the  CSP  to  perform  the  final  address  decode  from  the 
predecoded  address  bus  and  to  store  the  required  data  bits  from  the  data  bus. 

7.  Performance  Detector.  The  measurement  system  is  based  upon  simultaneous  volt¬ 
age  sampling  of  the  input  excitation  and  the  output  response  of  the  CSP  at  multiple 
random  time  instances  with  a  constant  input  frequency  and  amplitude.  The  resulting 
samples  zure  converted  by  an  external  A/D  to  binary  data  for  an  external  microproces¬ 
sor  to  compute  the  gain  and  phase  shift  of  the  system.  This  combined  with  a  digitally 
interfaced  external  frequency  counter  provides  an  automated  means  of  characterizing 
the  analog  signal  path. 

The  CSP  itself  is  further  decomposed  in  the  block  diagram  of  Fig.  2.1-1  which  is 
repeated  in  Fig.  2.5-3.  Each  of  the  biquads  which  comprise  the  CSP  are  as  shown  in  Fig. 
2.1-2  which  is  repeated  in  Fig.  2.5-4.  The  OTA’s  and  capacitor  arrays  of  the  biquads  are 
shown  in  block  diagram  form  in  Figures  2.5-5  and  2.5-6. 

A  discussion  of  the  memory  map  structure  follows. 

First  the  method  of  controlling  each  of  the  basic  building  block  will  be  discussed.  This 
will  be  followed  by  a  discussion  of  the  memory  map  for  the  system. 

Consider  initially  the  OTA  depicted  in  Fig.  2.5-5.  There  are  two  6-bit  busses  used 
to  control  the  OTA.  One  is  a  coarse  control  and  the  other  a  fine  control.  These  were 
discussed  in  Sec.  2.1  of  this  report.  The  data  bus  mapping  for  the  coeirse  control  is  shown 
in  Table  2.5-1  where  the  gain  factor  represents  the  current  mirror  gain  discussed  in  Sec. 
2.1.  The  fine  control  based  upon  using  the  logarithmic  D.4C  of  Sec.  2.1  controls  the 
transconductance  gain  as  described  by  the  equation 

gm  =  Am{mVi  +  b)  (2.5  -  1) 

where  Am  is  the  mirror  gain  as  given  in  Table  2.5-1,  m  and  b  are  constants  (m  = 
Sl.SfjLsfV  and  6  =  257.9fiS)  and  V,-  is  the  “tail”  voltage  which  appears  at  the  output 
of  the  D/A  and  is  given  by 

K  =  V-^  +  (V*/  -  Vr-„)  (2.5  -  2) 

where  i  =  A‘2',  C  =  .01  and  Di  is  the  bit  on  the  data  bus. 

From  Table  2.1-7  of  Sec.  2.1,  the  data  bus  mapping  to  capacitor  array  values  is  as 
given  in  Table  2.5-2. 

Data  bus  bits  Dz,  D4  and  Ds  of  the  Biquad  Latch  of  Fig.  2.5-4  set  the  biquad 
configuration  and  Do»  Di  and  D2  interconnect  these  biquads  into  the  CSP  structure.  The 


Fig.  2.5-1:  Block  Diagram  of  Initial  DCASP  Structure 
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Fig.  2.5-2  Address  Decoder/Latch(ADL) 

a)  Block  Diagram,  b)  Simplified  Diagram 


2.5-4 


memory  map  for  the  setting  of  each  of  the  biquadratic  functions  appears  in  Table  2.5-3. 
The  memory  map  for  the  interconnection  scheme  for  each  biquad  into  the  CSP  structure 
appears  in  Table  2.5-4. 

Finally,  the  memory  map  for  the  addressing  scheme  is  shown  in  Table  2.5-5.  Both 
the  actual  address  and  the  predecode  address  which  is  used  on  the  internal  data  bus  is 
shown.  Note  that  both  the  interconnection  configuration  and  biquad  function  type  are  set 
with  the  biquad  configuration  latch.  Separate  addresses  are  also  provided  for  the  cocirse 
and  fine  control  of  each  biquad. 
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Fig.  2.5-3  Initial  CSP  Block  Diag 


Fig.  2.5-5  CTA  block  diagram. 


Fig.  2.5-6  Capacitor  array  block  diagram. 
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Table  2.5-3  Memory  Map  for  Function  Control  of  Any  Biquad 
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Memory  Map  for  CSP  Interconnection  of  any  Biquad. 
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Table  2.6-5  Memory  Map  for  Latch  Addressing 


a.O  DOCUMENTATION 


•  Monthly  progress  reports  (CDRL  #A002}  have  been  prepared  and  submitted  to  the 
project  monitor  which  summarize  the  monthly  activities  of  this  task.  These  monthly 
progress  reports  cover  each  month  beginning  in  January  1987  and  ending  in  September 
1987.  Although  financial  support  for  this  project  did  not  start  until  early  March,  1987, 
activity  supported  by  alternate  sources  was  ongoing  through  the  months  of  January 
and  February  to  avoid  discontinuity  associated  with  retraining  new  researchers  to 
work  on  this  project. 

•  A  paper  entitled  “A  Reconfigurable  Biquadratic  Building  Block  for  Digitally  Con¬ 
trolled  Continuous-Time  Signal  Processing**,  by  R.  L.  Geiger,  E.  Sdnchez-Sinencio, 

D.  Hiser,  K.  Peterson  and  A.  Nedungadi  which  focuses  on  the  original  design  of  the 
CSP  has  been  accepted  for  presentation  at  GOMAC-87. 

•  A  paper  entitled  “Performance  Characteristics  of  a  CMOS  Transconductance  Element 
Using  a  Square-Law  Compensated  Differential  Pair**  by  Ashok  Nedungadi  and  Randall 
Geiger  has  been  written.  This  paper  focuses  on  OTA  design  and  will  be  submitted 
for  peer  review  in  the  near  future. 

•  A  paper  entitled  “Generation  of  Continuous-Time  Two  Integrator  Loop  OTA  Filter 
Structures” ,  by  E.  Sinchez-Sinencio,  R.  Geiger  and  Horacio  Nevarez  was  presented 
at  the  IEEE  International  Symposium  on  Circuits  and  Systems,  Philadelphia,  May 
1987. 

•  A  paper  entitled  “Amplifier  Design  Considerations  for  High  Frequency  Monolithic 
Filters”  by  Kirk  Peterson,  Ashok  Nedungadi  and  Randall  Geiger  which  focuses  on 
high  frequency  amplifier  design  was  presented  at  the  European  Conference  on  Circuit 
theory  and  Design  (ECCTD),  Paris,  Sept.  1987. 

•  A  paper  entitled  “Monolithic  Programmable  State- Variable  Biquadratic  OTA-Capacitor 
(TAC)  Filters”  by  E.  Sinchez-Sinencio,  S.  C.  Qin,  R.  L.  Geiger  and  K.  Peterson  which 
focuses  on  OTA-based  filter  design  was  presented  at  the  European  Conference  on  Cir¬ 
cuit  Theory  and  Design  (ECCTD),  Paris,  Sept.  1987. 

•  A  paper  entitled  “A  Linear  Monolithic  Active  Attenuator  with  Multiple  Output  Taps” 
by  S.  C.  Qin  and  R.  L.  Geiger  which  focuses  on  increasing  signal  swing  in  OTA  struc¬ 
tures  was  presented  at  the  Midwest  Symposium  on  Circuits  and  Systems,  Syracuse, 
New  York,  August  1987. 

•  Several  integrated  test  structures  haVie  been  designed,  fabricated  and  tested.  A  brief 
summary  of  these  structures  appears  in  Table  3.0-1. 

Copies  of  these  papers  are  attached  in  Appendix  A. 


3.0-1 


Table  5.0-1 


Silicon  Test  Structures  Fabricated  for  this  Project 


Major  Purpose  Brief  Description 
DCASP  Implementations: 


DCASP-1 

DCASP-2 


6*^ -order  general  purpose  filter  block 
-order  general  purpose  filter  block 


DCASP  Component  Test  Vehicles: 

Analog  switch  test  cell 
Programmable  capacitor  array  test  cell 
DCASP-1  digital  support  logic  test  cell 


OTA  Development: 


DAC  Development: 


OTA  with  2  selectable  output  stages 
Modified  OtA  with  2  selectable  output  stages 
OTA  with  6  selectable  output  stages 


6-bit  64  element  linear  resistor  string  DAC 
6-bit  binary  tree  linear  DAC 
6-bit  binary  tree  logarithmic  DAC 


Performance  Detectors  and  S/H’s: 

Performance  Detector  based  upon  2/H-l 
Performance  Detector  based  upon  S/H-2 
Single  S/H-3  test  cell 
Performance  Detector  based  upon  S,  .^-1 
with  modified  OP  Amp 
Single  S/H-3  test  cell  with  modified  Op  Amp 

Performance  Detector  Subcomponent  Test  Vehicles: 

High-Frequency  S/H  Op  Amp 
Performance  Detector  - 
Subcomponent  Linearities 
High-Frequency  S/H  Op  Amp  with  Added  Zero 
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4.0  Status  of  Accomplishments 


Two  generations  of  the  CSP  have  been  designed,  fabricated  and  tested.  The  most 
advanced  version,  DCASP-2,  was  designed  to  have  over  three  decades  of  center  frequency 
adjustment  and  over  three  decades  of  bandwidth  adjustment.  The  frequency  adjustment 
range  went  from  approximately  2KHz  to  2MHz.  Resolution  in  center  frequency  was  to 
within  0.5%  of  the  nominal  center  frequency  over  the  entire  range  and  bandwidth  resolution 
was  to  within  1%.  This  circuit  was  also  totally  electronically  reconfigurable.  The  basic 
functionality,  reconfigurability,  and  the  wide  adjustment  range  and  fine  resolution  were 
experimentally  verified. 

A  second  ciccompHshment  was  the  realization  of  a  high  performance  operational  transcon¬ 
ductance  amplifier.  Although  not  specifically  a  stated  goal,  this  structure  is  actually  a 
major  subcomponent  in  the  CSP  and  should  find  applications  well  beyond  this  project. 
This  OTA  has  a  wide  linear  input  range  and  a  gain  [gm]  which  can  be  digitally  adjusted 
over  more  than  two  decades.  Resolution  to  1%  of  any  value  of  gm  over  this  entire  range  is 
attained.  The  performance  of  this  operational  transconductance  amplifier  was  experimen¬ 
tally  verified. 

A  third  accomplishment  relates  to  the  tuning  problem.  A  method  of  measuring  the 
system  transfer  characteristics  at  fixed  frequencies  was  introduced.  A  method  of  accurately 
approximating  system  characterization  paramaters  based  upon  these  measurements  was 
presented.  This  was  based  upon  fitting  spline  functions  to  the  measured  data  points  and 
then  numerically  determining  the  system  paramaters  from  the  spline  functions.  A  tuning 
algorithm  based  upon  these  spline  function  fits  which  should  be  practical  for  a  useful  class 
of  system  functions  was  proposed. 

A  fourth  accomplishment  was  in  the  design  of  a  monolithic  performanci  detector. 

A  performance  detector  based  upon  a  high  speed  sample  and  hold  followed  by  a  slower 
precision  A/D  converter  was  designed.  The  key  individual  building  blocks  which  comprise 
this  performance  detector  have  been  fabricated  and  tested  for  basic  functionality. 

A  fifth  accomplishment  was  in  the  generation  of  a  set  of  test  structures  which  con¬ 
stitute  portions  of  the  CSP  and  performance  detector  blocks.  These  test  structures  were 
fabricated  and  tested.  They  are  useful  for  helping  characterize  the  present  CSP  and  per¬ 
formance  detector  as  well  as  in  the  refinement  of  these  structures  in  the  next  generation 
of  circuits. 

Details  about  the  designs  and  tests  of  the  circuits  mentioned  in  this  section  appear  in 
Sections  1  and  5  of  this  report. 

A  sixth  accomplishment  was  in  the  development  of  a  tuning  host.  This  tuning  host 
uses  a  commercial  pc-based  system  and  serves  as  a  test  vehicle  for  characterizing  the 
performance  of  the  blocks  internal  to  the  DCASP  as  well  as  a  vehicle  for  experimentally 
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evaluating  the  performance  of  tuning  algorithms. 
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5.0  TESTS 


A  total  of  20  different  test  circuits  have  been  fabricated  and  are  reported  in  this 
section.  The  first  19  are  integrated  circuit  designs  and  the  last  is  the  tuning  host  which 
was  constructed  on  a  conventional  proto  board  with  a  standard  microprocessor  and  "glue 
logic”  parts.  Most  of  these  structures  are  test  circuits  which  serve  as  subcomponents  in 
the  CSP  and/or  performance  detector.  The  most  important  structures  are  the  DCASP-2 
block  in  Sec.  5.10,  the  high  resolution  OTA  of  Sec.  5.11  and  the  performance  detector 
block  of  Sec.  5. 1C.  Most  tests  have  focused  on  basic  functionality  and  the  results  have  been 
briefly  summarized  to  keep  the  length  of  this  section  manageable.  More  detailed  dynamic 
measurements  of  the  test  calls  discussed  in  Sections  5.10,  5.11  and  5.13  are  ongoing  and 
will  be  reported  in  the  near  future.  A  dbcussion  of  the  test  results  for  the  tuning  host 
appears  in  Sec.  2.4  of  this  report.  A  listing  of  the  test  vehicles  follows. 

DCASP  Implementations: 


Sec.  5.1  DCASP-1  6^^-order  general  purpose  filter  block 
Sec.  5,10  DCASP-2  6‘^-order  general  purpose  filter  block 


DCASP  Component  Test  Vehicles: 


Sec.  5.4 

Analog  switch  test  cell 

Sec.  5.6 

Programmable  capacitor  array  test  cell 

Sec.  5.7 

DCASP-1  digital  support  logic  test  cell 

OTA  Development: 

Sec.  5.3 

OTA  with  2  selectable  output  stages 

Sec.  5.8 

Modified  OTA  with  2  selectable  output  stages 

Sec.  5.11 

OTA  with  6  selectable  output  stages 

DAC  Development 

Sec.  5.5 

6-bit  64  element  linear  resistor  string  DAC 

Sec.  5.9 

6-bit  binary  tree  linear  DAC 

Sec.  5.12 

6-bit  binary  tree  logarithmic  DAC 
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Performance  Detectors  and  S/H’s: 

Sec.  5.2  Performance  Detector  based  upon  S/H-1 

Sec.  5.13  Performance  Detector  based  upon  S/H-2 

Sec.  5.14  Single  S/H-3  test  cell 

Sec.  5.17  Performance  Detector  based  upon  S/H-1  with  modified  Op  Amp 

Sec.  5.18  Single  S/H-3  test  cell  with  modified  Op  Amp 

Performance  Detector  Subcomponent  Test  Vehicles: 

Sec.  5.15  High-Frequency  S/H  Op  Amp 

Sec.  5.16  Performance  Detector  -  Subcomponent  Linearities 

Sec.  5.19  High-Frequency  S/H  Op  Amp  with  Added  Zero 
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6.1  DCASP-1  d^'^-Order  General  Purpose  Filter  Block 


Name: 

MOSIS  ID: 

Fab.  ID; 

Technology: 

Fabricated: 

Chip  Siae: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


DCASP-1 

22143 

M6BYCA-1 

CBPE-MOSIS  3/4  CMOS  double-poly  p-well  process 
December  198fr-January  1987 
7900/4  X  9200/4(72.68mm2) 

5700/i  X  7300/x(41.61mm2) 

27 

64  pin  package 
Tested 


Purpose: 

This  test  chip  is  used  to  verify  the  functionality  and  measure  the  performance  of 
the  DCASP  implementation.  Both  the  individual  and  the  cascaded  biquad  structures  are 
studied. 


Description: 

The  DCASP-1  implementation  consists  of  three  cascaded  biquad  structrues  plus  asso¬ 
ciated  interconnections.  The  structure  has  been  described  in  detail  in  [32j  and  in  previous 
sections  of  this  report.  The  layout  of  the  test  cell  is  shown  in  Fig.  5.1-1.  A  block  diagram 
is  given  in  Fig.  5.1-2.  A  diagram  showing  the  pinouts  on  the  IC  is  given  in  Fig.  5.1-3. 
Following  is  a  description  of  each  pin. 


Pin  1:  Bulk 

Connection  to  n"*"  Substrate 

Pin  2-9:  D(>-D7 

Data  Lines 

Pin  11-16:  A0-A5 

Address  Lines 

Pin  18:  CS 

Chip  Select 

Pin  20:Clk 

Clock 

Pin  32:  Vdq 

Positive  Supply 

Pin  34:  7+^ 

Upper  Reference  Voltage 

Pin  36:  V-j 

Lower  Reference  Voltage 

Pin  38:  Vj,a, 

DC  Input  Voltage  used  to  Bias  the  Currents  in  the  Cascoded 
Input  Stages  of  the  OTA’s 
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Pin  40:  Resp 

Test  output;  response  line  of  analog  bus 

Pin  42:  Exc 

Test  input;  excitation  line  of  analog  bus 

Pin  58:  Gnd 

Common  node 

Pin  60:  Output 

Analog  signal  output 

Pin  62:  Input 

Analog  signal  input 

Pin  64:  V55 

Negative  supply 

Test  Plan: 

Testing  may  be  classified  as  functional  testing  or  performance  testing.  Functional 
testing  of  the  DCASP-1  chip  includes  verification  of  the  following: 

1)  configurability  of  the  individual  biquads  as  HP,  BP,  LP,  AP,  LPN,  or  HPN  filters; 

2)  tunability  of  pole  and  zero  frequencies  and  bandwidths  via  adjustment  of  the  capaci¬ 
tance  of  the  capacitor  arrays  and  the  gm  of  the  OTAs; 

3)  configurability  of  or  6*^  order  structure  by  cascading  individual  biquads. 
Performance  testing  of  the  DCASP-1  chip  includes  determination  of  the  following: 

1)  frequency  and  bandwidth  adjustment  range; 

2)  frequency  and  bandwidth  resolution; 

3)  dynamic  range; 

4)  distortion; 

5)  noise  level; 

6)  nonidealitites  of  model; 

7)  power  dissipation. 

The  DCASP-1  chip  is  tested  in  the  digital  CSP  controller  board  (see  Sec.  2.4). 
Experimental  Results: 

Fig.  5.1-4  shows  the  frequency  response  of  one  biquad  of  DCASP-1  in  the  HP,  BP, 
LP,  and  LPN  configurations  for  the  same  settings  of  the  j/m’s  and  C’s  of  the  biquad.  These 
curves  verify  that  the  biquad  can  be  configured  as  a  HP,  BP,  LP,  or  LPN  filter. 


That  the  pole  frequency  can  be  adjusted  using  the  capacitor  arrays  is  verified  by  Fig. 

3.1- 5.  This  figure  shows  four  of  the  responses  generated  by  varying  C6  and  C7  over  their 
entire  range,  while  keeping  C6  =  C7.  It  was  also  verified  experimentally  that  the  pole 
frequency  can  be  adjusted  by  the  fine  adjustment  of  gm‘  The  coarse  Qm  adjustment  was 
found  to  be  inoperable;  this  led  to  the  discovery  of  a  design  error  in  the  output  mirror  of 
the  OTA. 

That  the  pole  bandwidth  can  be  adjusted  using  the  capacitor  array  and  the  fine  gm 
adjustment  was  also  verified  experimentally.  The  coarse  bandwidth  adjustment  via  the 
coarse  gm  adjustment  could  not  be  verified;  again,  this  was  due  to  the  design  error  in  the 
output  mirror  of  the  OTA. 

It  was  also  verified  that  a  4*^  or  6^*^  order  structure  can  be  obtained  by  cascading 
the  individual  biquads.  Fig.  5.1-6  shows  frequency  response  curves  for  the  three  biquads 
individually  (#1,  #2,  #3),  for  biquads  #1,  and  #2  in  cascade  (4^*^),  and  for  biquads  #1, 
#2,  and  ^3  in  cascade  (6‘^). 

The  performance  testing  of  DCASP-1  was  hampered  by  the  lack  of  the  coarse  Qm 
adjustment  noted  above.  Still,  several  of  these  tests  were  performed;  results  are  given  in 
Table  5.1-1  for  a  single  biquad. 

The  range  of  pole  freqiiencies  obtained  by  Ce  =  Cj  adjustment  is  seen  from  Fig. 

5.1- 5  to  be  from  300  kHz  to  1.2  MHz.  The  range  of  pole  bandwidths  is  the  same.  It  is 
anticipated  that  these  ranges  will  be  extended  after  modifications  to  the  OTA  are  made 
to  allow  a  coarse  gm  adjustment. 

The  resolutions  in  the  pole  frequency  and  in  the  pole  bandwidth  were  not  determined. 

Extensive  testing  beyond  that  reported  here  was  not  done  because  of  the  design  error 
which  inhibited  the  coarse  gm  adjustment.  More  extensive  measurements  have  been  made 
on  the  second-generation  DCASP  structure  in  which  the  design  errors  have  been  corrected. 
The  latter  structure  is  discussed  in  Sec.  5.10  of  this  report. 
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Table  5.1-1: 


Summairy  of  measured  filter  performance  for  the  biquad  of  DCASP-1. 


Passband  Noise  Density  (rfVfy/Hz) 

270 

250 

3  dB  Bandwidth  (kHz) 

760 

580 

Total  Inband  Noise  (mVrm«) 

0.20 

0.20 

1%  Distortion  Level  Vrmt) 

1.0 

1.2 

Dynamic  Range  (dB) 

73 

76 

^Lowpass  configuration:  Bbp  =  Bip  =  Bhp  =  0 

C6,  Cl,  gmiy  9miy  9m3  sct  at  maximum  values 
gm6  set  at  minimum  non-zero  values 
gm4  set  at  zero 


^Bandpass  configuration:  Bbp  =  Blp  =  Bgp  =  0 

C6,  Cl,  gm2,  ffm3  Set  at  maximum  values 
9m4?  9ms  set  at  minimum  non-zero  values 
gmi  set  at  zero 


#  •• 


r 


jt-  jt-  ji  -. 


Fig.  5.1-1;  Layout  of  DCASP-1. 
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5. 


Gam  Magnitude  (dB) 


Gain  Magnitude  CdB) 


5.2  Performance  Detector  bated  upon  S/H-*l 


Name: 

MOSIS  IB: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


S/H-i 

22143 

M6BYCA-1 

CBPE  —  MOSIS  3/im  CMOS  double-poly  p-well  process 
December  1986  -  January  1987 
7900/im  X  920G/xm  (72.68mm^) 

5135/4171  X  500/417)  (2.57mm^) 

32 

64  pin  package 
Tested. 


Purpose: 

This  Performance  Detector,  as  orignially  discussed  in  the  ’86  Technical  Report  [32j 
for  this  project,  was  intended  to  be  the  heart  of  the  1*^  generation  S/H  based  performance 
measurement  system  and  provide  an  interim  solution  at  low  frequencies  (<  200kHz)f 
until  the  2“^  generation  high-frequency  S/H  design  could  be  developed.  This  particular 
Performance  Detector  has  several  purposes: 

(1)  Provide  DCASP-1  with  an  on-chip  performance  detector. 

(2)  Provide  for  the  characterization  of  the  analog  portion  of  the  S/H-1  design  and 
determine  its  inherent  limitations. 

(3)  Verify  the  operation  of  the  complex  digital  logic  that  “optimally”  interfaces  to  a 
single  multiplexed  A/D. 

This  test  vehicle  will  be  briefly  described  in  the  following  section,  along  with  its 
associated  test  results.  Because  of  a  design  error  in  the  digital  control  logic,  the  analog 
portion  of  the  Performance  Detector  was  left  in-operative.  The  S/H-1  architecture  was 
superceeded  by  that  of  S/H-2  so  the  circuit  was  not  re-fabricated  after  the  digital  control 
logic  error  was  detected. 

Description: 

This  test  structure  contains  two  arrays  of  five  S/H-1  cells,  capable  of  sampling  the 
excitation  and  response  signals  simultaneously,  at  five  different  Instants.  Each  of  these 
samples  can  then  be  convertered  to  a  digital  signal  via  a  multiplexed  external  A/D.  Also 
included  in  this  subsystem  was  the  interface  and  multiplexer  logic  necessary  to  interface  the 
S/H  array  to  the  shared  A/D.  This  complete  system  was  developed  and  included  as  part 
of  the  DCASP-1  chip,  with  pin-outs  shown  in  Fig.  5.2-1  and  die  photograph  in  Fig.  5.2-2 

A  block  diagram  of  the  performance  detector  exclusive  of  the  A/D  converter  is  shown 
in  Fig.  5.2-3.  This  is  comprised  of  a  sample  and  hold  array,  sampling  control  logic  and  A/D 
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Fig.  5.2-1.  Pin-outs  for  the  S/H-1  test  vehicle. 
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Fig.  5.2-2.  Die  photograph  of  DC  ASP-1  with  an  array  of  5  x  2  S /H-1  cells  with 
complex  control  logic  and  A/D  interface,  as  shown  at  the  bottom 
of  the  photograph  and  labeled  “Perf.  Det.”. 
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Fig.  5.2-3.  Block  diagram  of  the  integrated  portion  of  the  S/H-1  baaed  Per¬ 
formance  Detector. 


conversion  control  logic.  The  performance  detector  shown  here  was  designed  to  interface 
to  a  single  microprocessor  controlled  A/D  converter. 

Once  the  performance  detector  is  reset  by  logically  toggling  the  Rwt  line  via  physically 
addressing  the  location  02  le  on  the  DC  ASP  address  bus  (Ao  through  As);  five  consecutive 
samples  of  both  Exc  and  Rt»p  signals  can  be  simultanoeusly  taken  on  the  falling  edge  of 
Sample.  These  analog  voltage  samples  are  stored  on  holding  capacitors,  and 

Cy^  —  Cf^.  Following  sampling,  these  samples  are  sequentially  buffered  and  supplied  via 
the  A/D  signal  to  a  single  external  multiplexed  A/D  converter,  where  it  is  converted  to  a 
digital  word. 

To  better  understeind  the  operation  of  this  array,  a  single  analog  S/H  cell  is  shown  in 
Fig.  5.2-4.  Shown  here  is  a  “sampling”  analog  switch,  constructed  from  the  floating-well 
complimentary  switch  architecture  and  a  “conversion”  analog  switch,  constructed  from  a 
regular  complimentary  switch.  Both  of  these  analog  switches  are  described  in  detail  in 
section  2.2.2.3a. 

The  sampling  control  logic  consists  of  a  dynamic  shift  register  that  is  used  to  auto* 
matically  index  each  sequential  sample  by  physically  controlling  the  opening  and  closing 
of  the  analog  switches  associated  with  the  S/H-1  array. 

The  conversion  control  logic  is  much  more  complex  and  can  be  broken  down  into  the 
following  parts: 

(1)  Analog  Control  Logic  —  When  a  analog  sample  and  held  voltage  is  ready  for  con¬ 
version,  this  logic  throws  the  appropriate  analog  switch  {So^  to  buffer  this 

analog  signal  to  the  external  A/D.  Prior  to  patching  this  analog  signal  through  to 
the  unity  gain  buffer,  any  excess  charge  on  the  input  of  the  buffer  is  discharged 
when  the  analog  control  logic  pulses  the  Ditcharge  signal,  thus  eliminating  any 
reminiscence  of  previous  samples. 

(2)  Sampled  Queue  Manager  Logic  —  This  logic  monitors  which  of  the  5  “samples” 
have  been  taken  by  the  “sampling  control  logic”  and  which  of  these  10  voltage 
samples  have  been  converted  to  digital  words.  From  this  information  it  can  be 
decided  if  a  voltage  sample  is  ready  for  conversion  and  which  voltage  sample  is 
next.  This  optimizes  the  interaction  between  the  sampling  mechanism  and  the 
conversion  process,  by  qt'.eueing  up  each  consecutive  sample  to  be  converted  at 
a  later  time  when  the  A/D  is  available.  Thus  this  easily  facilitates  both  high¬ 
speed  and  low-speed  sampling  rates,  where  high-speed/low-speed  sampling  rates 
are  defined  as  sampling  the  excitation  and  response  signals  much  faster/slower 
than  the  conversion  speed  of  the  A/D.  In  the  event  this  logic  does  not  perform 
as  expected  the  signal  Override  bypasses  this  logic  and  substitutes  the  externally 
provided  signal  SextExt  for  the  d3mamic  shift  register  control  line.  This  allows 
for  the  samples  to  be  manually  one-by-one  gated  to  the  outside  world. 

(3)  A/D  Interface  Logic  —  This  logic  monitors  the  internal  control  lines  supplied  by 
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Fig.  5.2-4.  Single  S/H-1  cell  circuit  schematic. 


the  Sampled  Queue  Manager,  and  the  external  signals  Rtady  and  Boc  (end-of- 
conversion),  and  decides  when  to  trigger  the  conversion  process  by  pulsing  the 
BOC  (beginning-of-conversion)  signal  with  a  250r7sec.  pulse.  The  EOC  signal  is 
supplied  by  the  A/D,  indicating  when  the  A/D  has  completed  the  conversion  of 
the  last  sample.  The  Rtady  signal  is  supplied  by  the  microprocessor,  indicating 
when  it  is  has  stored  the  previous  digital  word  and  is  now  ready  and  waiting. 

The  remainder  of  the  pins  contained  in  Fig.  5.2-1  not  yet  discussed  here,  are  used  by 
the  DCASP-1  CSP  and  discussed  in  detail  in  Section  5.1. 

Experimental  Results: 

Due  to  a  design  error  in  the  sampling  control  logic,  there  was  not  suf&cient  dead  time 
between  the  “sampling”  (the  transition  from  track-mode  to  hold-mode)  of  the  S/H 
cell  and  the  +  1**  S/H  cell  switching  into  track-mode.  This  overlap  or  race  condition 
resulted  in  a  large  variation  in  each  sequential  sample  of  the  analog  array  of  S/H’s.  This 
variation  can  be  attributed  to  charge  sharing  between  the  adjacent  S/H  cells  right  at  the 
instance  the  input  signal  is  sampled. 

The  conversion  control  logic  seems  to  be  operational  based  upon  observations,  though 
it  is  difficult  to  be  conclusive  with  the  aforemented  sampling  problems  presisting. 

The  A/D  interface  logic  was  functional,  but  the  pulse  width  of  the  one-shots  used  in 
the  timing  of  this  logic  was  50%  smaller  than  designed.  This  can  be  attributed  to  process 
variation,  though  it  is  recommended  that  the  integrating  capacitors  of  this  structure  be 
decreased  and  the  channel  length  of  the  “slow”  inverter  be  increased  to  compensate  for 
the  change  in  capacitor  size.  This  should  drastically  reduce  the  overall  size  of  all  of  the 
one-shots. 

Lastly,  it  is  recommended  that  in  future  generations  of  the  S/H  based  Performance 
Detectors,  redirected  the  complex  digital  interface  logic  used  here  should  be  removed  with 
sampling  and  conversion  control  to  the  external  test  circuitry.  This  will  allow  the  analog 
portion  of  these  designs  to  be  more  exactly  characterized  by  obtaining  direct  control  of 
the  analog  switch  control  lines. 


5.3  OTA  with  2 

selectable  output  stages 

Name: 

OTA  2~Bit-l 

MOSIS  ID: 

22119 

Fab.  ID: 

M6BYAA-4 

Technology: 

CBPE — MOSIS  Zfi  CMOS  double-poly  p-well  process 

Fabricated: 

December  1986*January  1987 

Chip  Size: 

2300/*  X  3400/i  (7.82mm^) 

Active  Area: 

216/i  X  784/*  (.169mm^) 

Number  of  Pads:  9 

Packaging: 

28  pin  package 

Status: 

Tested 

Purpose: 

This  test  chip  is  used  to  characterize  the  2-output  stage  OTA  used  in  the  controlled 
transconductance  amplifier  (CTA)  of  DCASP-1.  The  Qm  vs  Vtaii  curve  for  the  OTA  is 
studied  in  order  to  determine  the  attainable  range.  Also,  since  in  the  CTA  the  control 
voltage  Vtaii  is  the  output  of  the  DAC,  the  gm  vs  Vtaii  curve  yields  the  voltage  range  over 
which  the  DAC  must  operate  in  order  to  obtain  the  desired  gm  adjustment  range. 

Description 

A  circuit  schematic  is  given  in  Fig  5.3-1  and  the  device  sizes  are  listed  in  Table  5.3-1. 

A  diagram  showing  the  pinouts  on  the  IC  is  given  in  Fig  5,3-2.  Following  is  a  description 

of  each  pin. 

Pin  1:  Bulk 

Connection  to  the  n+  substrate  of  the  chip. 

Pin  8:  V), 

DC  input  voltage  used  to  bias  the  currents  in  the  cascoded  input 
stages  of  the  OTA. 

Pin  9:  lout 

OTA  output  current. 

Pin  10:  Bo 

The  digital  control  for  the  smaller  of  the  two  OTA  output 
stages.  The  stage  is  enabled  for  Bo  =  1. 

Pin  11:  Bi 

The  digital  control  for  the  larger  of  the  two  OTA  output  stages. 

The  stage  is  enabled  for  Bi  =  1. 

Pin  12:  VpD 

The  positive  supply  for  the  OTA  circuit. 

Pin  13:  V^+ 

The  positive  input  terminal  of  the  OTA. 

Pin  14:  Vss 

The  negative  supply  for  the  OTA  circuit. 
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Pin  15:  V„» 
Pin  16:  Vta^i 


Test  Plan 


The  negative  input  terminal  of  the  OTA. 

The  control  voltage  used  to  adjust  the  gm  of  the  OTA  by  ad¬ 
justing  the  tail  current  in  the  cascoded  structures  of  the  OTA 
input  stage. 


The  circuit  shown  in  Fig  5.3-3  is  used  to  test  this  OTA.  The  experimental  value  of 
Qm  is  computed  from  the  equation 


9m  ~ 


lout 

vT 


tn 


I^out^in 


This  is  repeated  for  several  values  of  the  control  voltage  Vtaii.  From  the  resulting 
data,  a  plot  of  gm  versus  VtaU  may  be  constructed. 

Experimental  Results 

An  experimental  plot  of  gm  versus  Vtau  was  obtained  for  the  case  of  BiBq  —  10;  i.e., 
for  the  case  where  only  the  larger  of  the  two  output  stages  in  enabled.  This  curve  is  shown 
in  Fig  5.3-4.  Segments  of  the  curve  may  be  approximated  by  straight  lines;  in  particular, 
for  -3.8  <  Vtaii  <  -3.4,  the  curve  may  be  approximated  as 


gm  =  61.8Kta.-,  +  257.9 


where  Vtaii  is  in  volts  and  gm  is  in  nS.  SPICE  analysis  of  the  OTA  yields  the  relation 


=  40.5Vta, 7  +  174.25  . 


Discrepancies  between  this  and  the  experimentally  determined  relationship  cure  somewhat 
larger  than  would  be  anticipated  from  typical  process  variations.  These  differences  should, 
however,  not  have  a  major  affect  in  what  is  to  follow. 

Attempts  to  measure  the  gm  of  the  OTA  for  the  case  where  only  the  smaller  output 
stage  is  enabled  led  to  the  discovery  of  a  circuit  design  error.  Upon  this  discovery,  full 
testing  of  the  circuit  was  discontinued. 

The  error  is  in  the  method  of  disabling  the  output  stages  of  the  OTA.  The  OTA  con¬ 
tains  two  differently-sized  current  mirror  output  stages  which  provide  a  coarse  adjustment 
of  gm-  The  larger  gain  factor  is  provided  by  the  stage  consisting  of  A/26,  A/27,  A/32  and 
A/33  in  Fig.  5.3-1.  This  stage  is  disabled  by  turning  off  the  transmission  gate  formed  by 
A/38  and  A/39.  With  the  transmission  gate  off,  the  current  Jo,  <lo€s  not  contribute  to  the 
overall  output  current  Iq.  However,  with  the  load  removed  in  this  way,  the  gain  of  the 
stage  is  greatly  increased. 


5.3-2 


5.3~3 


Circuit  schematic  of  2-output  stage  OTA  used  in  DC  ASP-1. 


Table  5.3-1:  Device  sizing  for  OTA  structure  of  Figure  5.3-1. 


□  TA-2Bii; 


+ 


Fig.  5.3-2:  Pinouts  for  2-output  stage  OTA  test  device. 
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The  result  is  that,  for  all  but  very  small  amplitude  input  signals,  the  gate  voltages 
of  Af26  and  Af32,  and  hence  of  Af28  and  Af34,  become  too  close  to  the  supply  voltages 
VoD  an<i  Ks5j  respectively.  Thus,  for  the  case  where  only  the  smaller  stage  (consisting 
of  iVf28,  M29,  Af34,  and  M35)  is  enabled,  the  output  is  distorted,  and  the  coarse  Qm 
adjustment  is  essentially  useless. 

A  new  circuit  was  subsequently  designed  which  does  allow  a  coarse  gm  adjustment 
without  the  problems  outlined  above.  This  circuit  is  discussed  in  Sec.  5.11. 


6.4  Analog  rwitch  test  cell 


Name: 

MOSIS  ED: 

Fab.  ED: 

Technology: 

Fabricated: 

Chip  Size: 
Number  of  Pads: 
Packaging: 
Status: 


Analog  Test 
22119 

M6BYAA-4 

CBPE  —  MOSIS  3/im  CMOS  double-poly  p-well  process 
December  1986  -  January  1987 
2300/xm  X  3400/im  (7.82mm*) 

20 

28  pin  package 
Tested 


Purpose: 

This  test  chip  was  designed  to  verify  the  proper  operation  of  the  three  different  type  of 
analog  switches  used  in  DC  ASP-1  (MOSIS  ID:  22143),  and  provides  a  means  of  extracting 
the  specific  process  parameters  for  thb  processing  run  {M6BY),  via  a  series  of  test  devices. 
If  DC  ASP-i  performs .  expected,  then  this  test  structtire  will  only  be  used  as  a  functional 
test  vehicle. 


Description*, 

This  test  chip  as  shown  in  Fig.  5.4-1  contains  three  different  analog  switches,  (i.e,, 
a  regular  SPST,  a  large  SPST  and  regular  SPDT  switch),  3  different  sizes  of  p-channel 
MOSFET’s  and  3  different  sizes  of  n-channel  MOSFET’s.  The  pins  on  the  p-channel,  n- 
channel  and  analog  switch  tests  cells,  shown  in  Fig.  5.4-2  have  been  multiplexed  to  reduce 
the  number  of  pads  required,  without  sacrificing  the  ability  to  test  each  device  separately. 
The  sizes  of  the  MOSFET  test  devices  were  chosen  to  characterize  both  short-channel 
effects  and  matching  from  device  to  device. 

A  detailed  circuit  schematic  for  each  of  the  analog  switches  are  shown  in  Fig.  5.4- 
3,  with  devices  sizes  contained  in  Table  5.4-1.  The  SPDT  analog  switches  are  used  to 
configure  the  Biquad  via  the  Bip,  B\,p  and  B^p  bits  stored  in  the  Biquad  control  latch, 
shown  in  Fig.  1025-3  (e.g.,  the  bottom-plate  of  each  of  the  Programmable  Capacitor  Arrays 
is  cojmected  to  the  Biquad  input  signal  or  to  ground,  via  one  of  these  SPDT  switches).  The 
large  SPST  switches  {BigSPST)  are  used  in  connection  with  each  of  the  three  remaining 
bits  of  the  Biquad  control  latch,  and  are  used  to  control  where  the  input  and  output  of 
each  Biquad  come  from  and  goes  to.  The  remaining  analog  switches  are  the  regular  SPST 
switch  [spur). 

Test  Plan: 

Functional  Test: 

Each  of  the  analog  switches  will  be  configured  as  follows: 


Analog-Test 


Bulk  Uj 
Pd40b  14 
P(140ai-| 
PdSl  , 
Pgate  iJ 
Psrc  i-J 


Vdd  U- 
Vss  li 


4*Nbulk 

-i’Nsrc 

-i^Ngate 

4*Nd5 

4*Nd40a 

4*Nd40b 

4*dr8in/0igSPST 

4‘dP8in/SPST 

4®dpaxnl/SPOT 

4*dP8in2/SPDT 

4*souPce/sKitches 

4’contpol /switches 


Fig.  5.4-1.  Pin-outs  for  Analog  test  cell. 


^src 


Pcl5  Pcl40g^  PcI40|q 


a)  Circuit  schematic  of  p-channel  tes+  levices. 


b)  Circuit  schematic  of  n-channel  test  devices. 


Source 


c)  Circuit  schematic  of  analog  switches. 


Fig.  5.4-1:  Andog  Switch  Test  Cell 
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Source 


drain 


(a)  SPST 


(b)  BigSPST 


Control 


drain  ^  drain  g 


(c)  SPDT 

Fig.  6.4-3.  Circuit  schematics  of  individual  analog  switches. 
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Table  5.4-1.  Device  sizes  for  Analog  test  cell. 


Device 

Size 

W 

mm 

MuMa 

Sfim 

Sum 

Afs,  Me 

iOfjim 

40/im 

Mr,  Mi2,Mi4 

A/8,Mu,Mi3 

ISfim 

Zfjtm 

Mg 

90/im 

Ziim 

Mio 

iOfjim 

Zfim 
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(1)  connect  the  conunon  source  node  of  the  analog  switches  to  a  low-frequency  sinu¬ 
soidal  excitation;  and 

(2)  monitor  each  of  the  drains  and  source  nodes  on  an  oscilloscope. 

Thus  by  switching  each  of  the  analog  switches  *‘on’*  and  ''ofiT  via  the  common  control 
signal,  the  sinusoidal  input  should  appear  and  disappear  on  each  of  the  drains.  Once  it  has 
been  confirmed  that  each  of  the  devices  are  controlled  properly,  the  input  signal  amplitude 
should  be  increased  until  the  outputs  (drains)  begin  to  noticably  distort  because  of  dynamic 
range  restrictions. 

Experimental  Results: 

A  functional  test  was  performed  on  each  of  the  analog  switches,  as  detailed  in  the  test 
plan.  The  results  of  this  test  are  listed  below. 

(1)  With  a  low  frequency  sinusoidal  signal  on  the  source  input  node  of  each  of  the  analog 
switches,  the  drain  output  node  was  isolated  when  the  devices  was  turned  ‘*ofP  and 
tracked  the  input  signal  when  turned  *‘on’*. 

(2)  No  noticable  distortion  was  observed  when  the  mput  sinusoidal  was  increased  to  ±2V 
signal  levels. 

This  implies  that  the  analog  switches  are  indeed  functional  at  low  frequencies  with 
typical  signal  swings. 
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5.5  &-Bit  Linear  DAC  With  Decode  Logic 


MOSIS  ID:  22119 

Fab.  ID:  M6BYAA-4 

Technology:  CBPE-MOSIS  3/i  CMOS  Double-Poly  p-Well 

Fabricated:  December  198&-January  1987 

Chip  Size:  2300/i  x  3400/i 

Active  Area:  850/i  x  1600^ 

Number  of  Pads:  17 
Packaging:  28  Pin  Package 

Status:  Tested 

Purpose: 

This  test  chip  is  used  to  characterize  the  monotonicity  as  well  as  the  linearity  of  the 
Digital-to-Analog  Converter  (DAC)  which  heis  been  used  in  DCASP-1  to  provide  the  OTA 
control  voltages. 

Description: 

There  are  two  linear  DAC  circuits  fabricated  in  this  test  chip,  Large  D.\C  and  Small 
DAC.  These  are  shown  on  the  die  photograph  of  Fig.  5.5-1.  Each  circuit  has  a  resistive 
string  with  taps  and  pass  transistors  at  uniformly  spaced  intervals.  The  pass  transistor, 
once  selected,  will  pass  its  tapped  voltage  to  the  control  voltage  line.  The  two  ends  of 
the  resistor  string  are  driven  by  two  voltages,  K,.*/-  and  Vre/"*'.  The  first  DAC  circuit, 
also  termed  “large  DAC”,  has  three  standard  2-  to  4-bit  decoders  to  pre-decode  the  input 
data.  A  3-line  decoder  is  then  required  at  each  tap  to  complete  the  data  decoding.  In 
Figs.  5.5-2  and  5.5-3,  the  block  diagram  and  circuit  schematic  are  shown  respectively. 
The  “Small  DAC”,  as  its  name  implies,  saves  considerable  space  by  using  the  switching 
transistor  tree  instead  of  decoders  (refer  to  Sec.  5.9  for  details). 

Test  Plans: 

The  pin  designations  of  the  DAC  test  chip  appear  in  Fig.  5.5-4.  The  biasing  voltages 


and  triggering  signals  are  connected  as  follow: 

Vdd  =  Bulk  =  +5V  (5.5  -  1) 

Kss  =  P  -  Well  =  -SV  (5.5  -  2) 

Ai  =  +5V  (enabling)  (5.5  -  3) 

CLK  =  ±SV,  IQOOHz  (5.5  -  4) 


Vttf\+  —  ^r«/2+  —  0^ 
Ke/1-  =  Vr«/2-  =  -5V 


(5.5  -  5) 
(5.5  -  6) 


Sixty-four  DC  voltages  have  been  measured  from  each  of  V^uti  and  ^outt  pins  by  chang¬ 
ing  the  6-bit  data  word  (D0-D5)  to  all  possible  combinations.  The  instrument  used  for 
DC  measurements  is  the  HP  3456A  digital  voltmeter  which  has  been  extensively  used 
throughout  this  experiment. 


Experimental  Results: 

The  small  DAC  fabricated  in  this  test  chip  is  found  not  functional  since  the  p-well 
was  not  connected  during  fabrication.  The  64  DC  voltages  measured  on  the  V^ut  2  pin 
zire  listed  in  Table  5.5-1.  The  DAC  is  used  for  determining  the  OTA  control  voltages  in 
biquad.  Although  the  linearity  is  less  important  than  monotonicity,  it  has  been  found,  in 
Fig.  5.5-5,  that  the  DAC  circuit  behaves  rather  linear  characteristically.  This  6-bit  DAC 
seems  to  be  capable  of  having  finer  resolution  since  the  mzocimum  LSB  error  is  as  low  as 
10.8%  (Refer  to  Section  5.9  for  the  definition  of  LSB  error  and 
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D  AC 


Fig.  6.5-1.  The  Die  Photo  of  the  Large  DAC  Test  Chip 
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Decoding 

Logic 


Fig.  5.5-3.  Large  DAC  Decoding  Circuit  Schematic  Diagram 
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2 

Vref2+  vref2- 

26 

5 

D5 

Vout 

24 

6 

D4 

VdD 

23 

7 

8 

D3 

Vrefl- 

22 

D2 

Voutl 

21 

9 

10 

D1 

Vref  1+ 

20 

DO 

Vss 

19 

11q 

CLK 

12 

Ai 

Pin 

Assignments 

of 

Large  DAC 

Fig.  5.5-4.  Pin  Assignments  of  Large  DAC 
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Ta.ble  5.5-1  The  DC  Output  Voltages  and  the  Linearity  Characteristics  with  Different 
Digital  Settings. 


Digital 

Setting 

Output 

LSB  Error 

i%) 

{%) 

Rm 

0 

-4.962500 

0.000000 

0.749998 

_ 

1 

-4.885800 

1.948212 

1.534004 

2.035344 

2 

-4.808700 

3.385597 

1.541996 

1.005210 

3 

-4.731500 

4.694971 

1.54399. 

1.001299 

4 

-4.654000 

5.620310 

1.550007 

1.003891 

5 

-4.576700 

6.802282 

1.545992 

0.997410 

6 

-4.499000 

7.472208 

1.554003 

1.005182 

7 

-4.421400 

8.270146 

1.552000 

0.998711 

8 

-4.343500 

8.684659 

1.557999 

1.003865 

9 

-4.265900 

9.482596 

1.552000 

0.996150 

10 

-4.187900 

9.769098 

1.560001 

1.005155 

11 

-4.110000 

10.183612 

1.557999 

0.998716 

12 

-4.032100 

10.598125 

1.557999 

1.000000 

13 

-3.952700 

9.094601 

1.588006 

1.019260 

14 

-3.874300 

8.869971 

1.567998 

0.987400 

15 

-3.796600 

9.540202 

1.553998 

0.991071 

16 

-3.718500 

9.698692 

1.562004 

1.005152 

17 

-3.640900 

10.496630 

1.552000 

0.993595 

18 

-3.562800 

10.655425 

1.561999 

1.006443 

19 

-3.484600 

10.686514 

1.563997 

1.001279 

20 

-3.406400 

10.717298 

1.564002 

1.000003 

21 

-3.328200 

10.748385 

1.563997 

0.999997 

22 

-3.249600 

10.267734 

1.572003 

1.005119 

23 

-3.171800 

10.809953 

1.556001 

0.989820 

24 

-3.903300 

10.457617 

1.569996 

1.008994 

25 

-3.015100 

10.48840 

1.564002 

0.996182 

26 

-2.933600 

6.300599 

1.630001 

1.042199 

27 

-2.858300 

10.038836 

1.506000 

0.923926 

28 

-2.778500 

8.024486 

1.595998 

1.059760 

29 

-2.699900 

7.543834 

1.572003 

0.984966 

30 

-2.621600 

7.446911 

1.566000 

0.996181 

31 

-2.543900 

8.117142 

1.553998 

0.992336 

32 

-2.465500 

7.892512 

1.567998 

1.009009 
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Table  5.5-1:  The  DC  Output  Voltages  ^nd  the  Linearity  Characteristics  with  Different 
Digital  Settings 


D 

m 

LSB  Error 

& 

Ks-X 

S< 

Output 

{%) 

_ 

(%) 

33  -2.387500  8.179014  1.560001  0.994900 

34  -2.309100  7.954080  1.568003  1.005129 

35  -2.231000  8.112875  1.561999  0.996171 

36  -2.152500  7.760234  1.570001  1.005123 

37  -2.074200  7.663311  1.566000  0.997452 

38  -1.996000  7.694399  1.563997  0.998721 

39  -1.918000  7.980901  1.560001  0.997445 

40  -1.839700  7.883978  1.566000  1.003845 

41  -1.761800  8.298491  1.557999  0.994891 

42  -1.683600  8.329275  1.564002  1.003853 

43  -1.604200  6.826208  1.587999  1.015343 

44  -1.525100  5.706565  1.582000  0.996223 

45  -1.446800  5.609643  1.566000  0.989886 

46  -1.368500  5.512720  1.566000  1.000000 

47  -1.290600  5.927080  1.558001  0.994892 

48  -1.212000  5.446733  1.571999  1.008984 

49  -1.134000  5.733234  1.560001  0.992368 

50  -1.055870  5.853778  1.562598  1.001664 

51  -0.977280  5.386003  1.571801  1.005890 

52  -0.898350  4,483599  1.578600  1.004326 

53  -0.820000  4.322670  1.567000  0.992652 

54  -0.741480  3.944427  1.570400  1.002170 

55  -0.663380  4.103147  1.561999  0.994651 

56  -0.584590  3.379730  1.575800  1.008835 

57  -0.506330  3.333859  1.565200  0.993273 

58  -0.427140  2.099082  1.583800  1.011884 

59  -0.348160  1.132787  1.579600  0.997348 

60  -0.269640  0.754543  1.570400  0.994176 

61  -0.191270  0.568051  1.567400  0.998090 

62  -0.112790  0.240964  1.569600  1.001403 

63  -0.034380  0.003348  1.568200  0.999108 

0.006876 


20 


T - r 

0  10 


- i  f- 

30  40 

Digital  Setting 


1 - r 

50  60 
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Fig.  5.5-5.  DAC  Performance  Analysis  of  the  Large  DAC  used  in  DCASP-1 
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5.0  Programmable  Capacitor  Array  Teat  Cell 


Name: 

MOSIS  ID: 

FAB.  ED: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads; 
Packaging: 
Status: 


Cap  Array-1 
22123 

M6BYAA-2 

CBPE-MOSIS  Zfi  CMOS  Double-Poly  p-Well  Process 

December  1986  -  January  1987 

2300m  X  3400m 

1400m  X  2000M(2.8mm*) 

14 

28  Pin  Package 
Tested 


Purpose: 

This  test  device  is  used  to  confirm  the  functionality  of  the  programmable  capacitor 
array  and  associated  digital  logic  circuitry  of  DCASP-1.  The  actual  capacitemce  values 
are  also  measured.  This  test  device  is  also  used  to  confirm  the  functionality  of  the  analog 
switches  and  the  buffer  of  the  biquad  of  DCASP-1. 


Description: 

A  block  diagram  of  the  test  cell  is  given  in  Fig.  5.6-1.  A  block  diagram  of  the  capacitor 
array  given  in  Sec.  2.1.4  is  repeated  as  Fig.  5.6-2.  The  die  photograph  of  the  test  cell  is 
given  in  Fig.  5.6-3, 

A  diagram  showing  the  pinouts  on  the  IC  is  given  in  Fig.  5.6-4.  Following  is  a 
description  of  each  pin. 


Pin  1:  Bulk  Connection  to  the  n**"  substrate  of  the  chip. 

Pin  2:  CLK  Clock  input  to  digital  latches. 

Pins  3-8:  PX,  P5 

P4,  P3,  P2,  PO  Predecode  address  lines  of  system  bus. 

Pins  9-14:  D5  -  DO  Data  lines  of  system  bus. 

Pin  15:  K£)£)  Positive  supply. 

Pin  16:  C7$i  Connection  to  bottom  plate  of  C7  capacitor  array  via  switch 

Bhp 


5.6-1 
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Fig.  5.6-3;  Layout  of  programmable  capacitor  array  test  cell. 
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Captest 


Fig.  5.8-4:  Pinouts  for  programmable  capacitor  array  test  cell. 


5.6-5 


Pin  17:  Cltop 

Connection  to  top  plate  of  C7  capacitor  array. 

Pin  18:  Cfisi 

Connection  to  bottom  plate  of  C6  capacitor  ajray  via  switch 

Bbp 

Pin  19:  Gnd 

Common  node. 

Pin  20:  C6top 

Connection  to  top  plate  of  C6  capacitor  array. 

Pin  21:  Buffin 

Input  to  CMOS  analog  buffer. 

Pin  22:  Vbia» 

DC  bias  voltage  for  CMOS  analog  buffer. 

Pin  23:  Resp 

Output  of  CMOS  analog  buffer  via  switch  Bresp- 

Pin  24:  Cascade 

Output  of  CMOS  analog  buffer  via  switch  Bcasc- 

Pin  25:  Exc 

Connection  to  switch  Brxc  simulating  connection  from  exci¬ 
tation  line  of  analog  bus  of  DCASP. 

Pin  26:  Input 

Connection  to  switches  Bexc  and  Blp  simulating  connection 
from  input  line  of  biquad. 

Pin  27:  Vx,p 

Connection  to  switches  B^p  and  Bip. 

Pin  28:  Vss 

Negative  supply. 

Table  5.&-1  gives  the  predecode  address  line  settings  necessary  to  address  the  capacitor 
arrays  and  the  6-bit  latch.  The  capacitor  sizes  are  set  by  loading  the  data  lines  DO  -  D5 
with  the  desired  code  00  thru  13 le  (see  Tables  5.6-2,  3).  For  the  6-bit  latch,  the  data  lines 
correspond  to  the  analog  switch  controls  as  follows: 

DO  -  Bexc 
Dl  -  Bresp 
D2  -  Bcasc 
DZ  —  Bi,p 
Da  —  Bpp 
DS  —  Br  p 


Test  Plan: 

The  Hewlett  Packard  LF  Impedance  Analyzer,  Model  4192A  (see  Appendix  C  for 
specifications)  is  used.  The  capacitance  for  C6  is  measured  twice;  once  with  each  of  the 
two  associated  analog  switches  (controlled  by  Bbp  and  Bbp]  closed. 

For  the  case  where  Bbp  ~  1»  the  capacitance  of  (77  is  measured  between  the  top  plate 
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of  the  capacitor  and  the  input  line  This  yields  the  approximate  capacitance  of  the 
array;  the  measured  value  is  listed  as  C6top-frottom  in  Table  5.6-2  of  the  following  section. 

For  the  case  where  Bbp  =  1|  the  capacitance  is  measured  between  the  top  plate 
of  the  capacitor  and  the  common  node  of  the  circuit.  In  addition  to  the  capacitance 
of  the  array,  this  measurement  includes  parasitic  diffusion  capacitsmces  of  the  19  analog 
switches  enabling  the  array,  the  Bbp  snd  Bbp  switches,  and  the  parasitic  capacitance  of 
the  bonding  pad.  This  measured  value  is  listed  as  C^top-ground  in  Table  5.6-2. 

The  capacitance  of  C7  is  measured  for  the  case  where  Bbp  =  1;  the  measured  values 
are  listed  as  in  Table  5.6—2. 


Experimental  Results: 

The  measured  capacitanv.es  are  listed  in  Table  5.6-2.  The  functionality  of  the  capacitor 
array  is  verified  by  the  fact  that  the  incremental  chauiges  in  capacitance  [ACStop-bottom) 
increase  monotonically  as  the  digital  state  goes  from  N  =  0  to  N  =  19. 

Table  5.6-3  lists  the  capacitance  values  calculated  from  the  actual  capacitor  dimen¬ 
sions  data  supplied  by  the  IC  manufacturer.  These  calculated  values  compare  favorably 
with  the  measured  values  listed  in  the  C6top-bottom  column  of  Table  5.6-2;  the  greatest 
absolute  difference  is  0.396  pF  for  the  case  N  =  19. 

The  A%  column  of  Table  5.6-2  shows  that  in  all  cases  the  incremental  change  in 
capacitance  is  slightly  less  than  the  design  goal  of  13%  (see  Section  2.1.4).  The  incremen¬ 
tal  changes  obtained  are  satisfactory;  the  resulting  overlap  in  the  coarse  frequency  and 
bandwidth  adjustment  ranges  will  simply  be  slightly  more  than  was  intended.  Also  note 
that  the  range  of  capacitor  values  (2.441pF  -  21.26pF)  is  slightly  less  than  the  design  goal 
(2.34pF  -  24.37pF).  Such  deviations  are  to  be  expected  due  to  the  IC  process  variations. 
The  capacitor  values  (2.068pF-10.864pF)  listed  in  Table  5.6-3  were  obtained  by  calcula¬ 
tion  using  the  measured  capacitance/area  ratio  {.Z91fFffim^)  given  by  MOSIS  for  this 
particular  IC  fabrication  run. 

The  C6top-gnd  column  of  Table  5.6-2  reveals  that  this  measured  capacitance  differs 
significamtly  from  the  C6top-bottom  values.  The  measured  differences  range  from  2.60pF  to 
2.97pF.  This  indicates  that  the  parasitic  capacitances  from  the  top  plate  of  the  capacitor 
array  to  the  conomon  node  of  the  circuit  are  significant.  These  parasitics  are  due  to  the 
diffusions  at  the  analog  switches  of  the  capacitor  array.  See  Section  2.1.4  for  a  further 
explanation  of  these  parasitics. 
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Predecode  Address  Lines 


Element  I  CLK 


6-bit  Latch  1 


Table  5.6-1:  Addressing  of  capacitor  airrays  and  6-bit  latch  of  programmable  capacitor 
array  test  cell. 
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N 

Digital  Input 
(hex) 

G^top—bot 

(PF) 

(PF) 

A%* 

(PF) 

G7top—gnd 

(PF) 

00 

2.441 

5.072 

3.155 

01 

2.706 

.265 

10.9 

5.335 

3.403 

02 

3.012 

.306 

11.3 

5.982 

4.056 

03 

3.360 

.348 

11.6 

- 

- 

04 

3.750 

.390 

11.6 

- 

- 

5 

05 

4.182 

.432 

11.5 

- 

- 

6 

06 

4.676 

.494 

11.8 

- 

- 

7 

07 

5.234 

.558 

11.9 

7.849 

5.920 

8 

08 

5.852 

.618 

11.8 

- 

9 

09 

6.558 

.706 

12.1 

- 

10 

OA 

7.345 

.787 

- 

- 

11 

OB 

8.235 

.890 

12.1 

- 

- 

12 

OC 

9.251 

1.016 

12.3 

- 

- 

13 

OD 

10.396 

1.145 

12.4 

- 

- 

14 

OE 

11.709 

1.313 

12.6 

- 

- 

15 

OF 

13.188 

1.479 

12.6 

15.810 

13.810 

16 

10 

14.855 

1.667 

12.6 

- 

15.360 

17 

11 

16.745 

1.890 

12.7 

- 

17.255 

18 

12 

18.865 

2.120 

12.7 

- 

- 

19 

13 

21.26 

2.395 

12.7 

23.86 

21.77 

Table  5.6-2:  Measured  capacitances  of  programmable  capacitor  arrays  C6  and  C7. 


^  A(76top— —  OQtop—botff  ^^top—botff_i 


4ot  ff—i 
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Hex 

Capacitor 
Dimensions 
(/im  X  fim) 

Capacitor 

Area 

(Mm») 

Calculated 

Capacitance 

(PF) 

00 

115  X  46 

5.290 

2.068 

01 

13  X  53 

5.979 

2.338 

02 

15  X  53 

6.774 

2.649 

03 

17  x53 

7.675 

3.001 

04 

19  X  53 

8.682 

3.395 

05 

21  x53 

9.795 

3.820 

06 

24  x53 

11.067 

4.327 

07 

27  x53 

12.498 

4.887 

08 

30  X  53 

14.088 

5.508 

09 

34  X  53 

15.890 

6.213 

OA 

38  X  53 

17.904 

7.001 

OB 

43  X  53 

20.183 

7.892 

OC 

49  X  53 

22.780 

8.907 

OD 

55  X  53 

25.695 

10.047 

OE 

63  x53 

29.034 

11.352 

OF 

71  X  53 

32.797 

12.824 

10 

80  X  53 

37.037 

14.482 

11 

91  X  53 

41.860 

16.367 

12 

102  X  53 

47.266 

18.481 

13 

115  X  53 

53.361 

20.864 
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Note  that  some  of  the  parasitica  included  in  the  measurements  of  C^top-gnd  will  not 
appear  in  the  actual  DCASP  operation.  For  example,  in  the  actual  DCASP  circuit,  the 
top  plate  of  the  capacitor  array  is  not  connected  to  a  bonding  pad;  thus,  in  the  actual 
DCASP  circuit,  there  is  no  parasitic  capacitance  between  a  bonding  pad  and  the  common 
node.  The  protoboard  and  probes  used  in  the  test  circuit  also  contribute  a  small  parasitic 
capacitance. 

The  capacitance  for  several  of  the  C7  array  states  was  also  measured  for  the  case 
where  Bhp  =  1;  the  measured  values  are  listed  in  the  C7top-gnd  column  of  Table  5.6-2. 
These  values  are  approximately  2pF  less  than  the  corresponding  C6iop-gnd  values.  This 
difference  may  be  attributed  to  the  proximity  of  the  respective  pinouts  of  the  IC.  The  C6top 
pin  (pin  20)  is  adjacent  to  the  ground  pin  (pin  19),  and  therefore  the  parasitic  protoboard 
capacitance  between  these  two  pins  will  be  higher  than  that  between  the  C7top  pin  (pin 
17)  and  the  ground  pin. 

In  summary,  the  functionality  of  the  capacitor  array  has  been  verified.  The  measured 
values  of  capacitance  are  approximately  equal  to  the  design  values.  The  only  possible 
problem  is  that  of  parasitic  capacitances  which  contribute  to  the  total  capacitance  when 
the  bottom  plate  of  the  capacitor  array  is  connected  to  ground. 
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5.7  DCASP-1  digital  support  logic  test  cell 


Name: 

MOSIS  ID: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Sice: 
Number  of  Pads: 
Packaging: 
Status: 


Digital  Test 
22118 

M6BYAB-1 

CBPE  —  MOSIS  3/im  CMOS  double-poly  p-well  process 
December  1986  -  January  1987 
2300Mm  X  3400/im  {7.82mm^) 

25 

28  pin  package 
Tested. 


Purpose: 

This  test  chip  was  designed  to  verify  the  digital  logic  used  to  control  DCASP-1  (MO¬ 
SIS  ID:  22143).  This  chip  contains  most  of  the  digital  support  logic  that  interfaces  DCASP- 
1  with  the  external  digital  controller  and  stores  the  digital  control  words  used  to  configure 
the  filters  in  DCASP-1.  This  test  vehicle  will  only  be  used  to  characterize  each  of  the  in¬ 
dividual  digital  blocks,  verify  their  functionality,  and  verify  input  trip-points  and  output 
signal  levels.  Speed  of  operation  is  not  a  consideration  with  this  test  structure. 

Description: 

This  test  chip  with  pin-outs  shown  in  Fig.  5.7-1,  contains  the  following  digital  support 
logic: 

(1)  Address  Predecode  Logic  [APdecde]  —  This  logic  block,  as  shown  in  Fig.  5.7-2,  takes  3 
pair  of  externally  provided  address  lines,  and  converts  them  (a)  from  the  external  TTL 
logic  levels  to  the  internal  ±5V  logic  levels;  and  (b)  generates  3  quadruple  predecode 
addresses  for  a  total  of  12  lines  and  commonly  referred  to  as  the  predecode  address  bus. 
This  bus  is  then  supplied  to  each  of  the  internal  latches  [ad Hatch).  This  functional 
block  is  described  in  Section  2.5.  Contained  here  is  just  one  such  sub-block,  with  2 
input  address  lines  (a,  and  a*)  and  four  predecode  addresses  (p..  Ft,  p,  and  Pj).  This 
cell  also  requires  the  chip  select  line  (cs)  to  be  enabled,  before  the  predecode  address 
bus  will  be  enabled,  as  shown  in  Table.  5.7-1. 

Also  included  on  this  test  chip  is  the  fundamental  address  predecode  cell,  a  three  input 
AND  gate  APnandzi  as  shown  in  Fig.  5.7-3.  The  overall  Address  Predecoder  contains  twelve 
of  these  gates  —  one  for  each  output  predecoded  address.  The  input  to  this  cell  is  provided 
via  the  shared  input  pads,  /n,,  in^  and  im,  with  a  single  output  pin  Out.  Each  of  these 
input/output  signals  are  at  ±5V’  CMOS  logic  levels. 

(2)  TTL  interface  drivers  [tt Lin /tt Lout)  —  There  are  two  functional  logic  blocks  as 
shown  in  Fig.  5.7-4a  and  5.7-4b  that  convert  between  the  external  TTL  digital  logic 
levels  and  the  internal  ±5V  CMOS  logic  levels. 


5.7-1 


Digital-Logic 


Bulk  U 
Pb/APdecode  5- 
Pa/APdecode i- 
CS/Clk  t- 
Aj/APdecode  t- 
Ak/APdecode  i- 
Gnd  t- 
Vo/TTLout  V- 
Vdd  i- 
Vi/TTLOUt  iS- 

Vss  U. 

I 

Vi/TTLin  Uj 


-i^Pc/APdecode 

-i’Pd/APdecode 

-i*Load/A0Lnand3i 

I^LoadBar/AOLnandSi 

4*lnl 

4?In2 

-i»In3 

3l*LoadBap/ADLlatch 

4®Load/AOLlatch 

4»nut/ADLlatch 

::ll*Out8ar/ADLlatch 

-VOut/StdNand2i 

4*Out/APnand3i 

-iSVo/TTLin 


Fig.  5.7-1,  Digital  support  logic  test  chip  pin-outs. 


Table  5.7-1.  Address  predecode  logic  description. 


cs 

Ak 

111 

m 

Pb 

■ 

Pd 

1 

0 

0 

1 

0 

0 

0 

1 

0 

1 

0 

1 

0 

0 

1 

1 

0 

0 

0 

D 

0 

1 

1 

0 

0 

0 

1 

0 

D 

m 

0 

0 

0 

0 

Load 


Loadbar 


Fig.  5.7-3.  Address  predecode  {APnaniai)  circuit  schematics. 


CMOS 


CMOS 


(a)  TTLin  (b)  TTLout 

Fig.  5.7-4.  TTL  level  shifters  block  diagrams. 
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(a)  TTL  input  driver  (min)  —  This  gate  takes  a  0-5V  TTL  input  signal  [vjTTLin) 
and  converts  it  to  the  internal  CMOS  levels  (Vo/TTLm). 

(b)  TTL  output  driver  {TTLout)  —  This  gate  takes  a  ±5^  CMOS  input  signal 
Vi/TTLout  and  converts  it  to  a  TTL  0-5V  logic  levels,  v„iTTLout, 

(3)  Address  Decode  and  Latch  {ad Lnand3i,AD Hatch)  —  This  logic  block  decodes  the  ad¬ 
dress  as  a  function  of  three  predecode  address  lines,  and  latches  the  data  found  on  the 
data  bus  in  the  latch.  This  test  vehicle  contains  the  address  decode  logic  {ADLnandsi 
with  inputs  /ni,  im  and  /ns,  and  outputs  Load  and  LoadBar,  as  shown  in  Fig.  5.7-5a. 
Also  contained  on  this  chip  is  the  latch  {ADLiauh)  as  shown  in  Fig.  5.7-5b.  This  block 
is  controlled  by  the  complementary  latch  control  inputs  Load  and  LoadBar,  normally 
provided  by  the  ADLnandsi  gate;  input  data  line  /ni  and  latched  complimentary  out¬ 
put  data  lines  Out  and  OutBar.  Each  of  these  input/output  signals  are  at  ±5V  CMOS 
logic  levels. 

(4)  Standard  2-input  AND  gate  {atdnandu)  —  This  logic  gate  as  shown  in  Fig.  5.7-6  is 
used  in  various  portions  of  the  DCASP-1  chip,  typically  as  a  predecode  of  the  digital 
control  words.  This  cell  has  to  inputs  ini  and  /n,  and  a  single  output  Out.  Each  of 
these  input/output  signals  are  at  ±5V  CMOS  logic  levels. 

Test  Plan: 

Functional  Test; 

Each  of  the  digital  gates  will  be  verified  based  upon  the  following  criterion: 

(1)  Each  of  the  gates  agrees  logically  with  the  aforementioned  descrip¬ 
tion,  (i.e.,  logic  truth-table,  state  a'.agrams,  etc.). 

(2)  The  input  signals’  trip-points  meet  specifications. 

(3)  The  output  signals  are  at  the  expected  signal  levels. 

If  a  particular  support  logic  function  does  not  perform  as  anticipated,  then  more 
detailed  testing  should  be  done  to  trace  done  any  discrepancies. 

Experimental  Results: 

A  functional  test  was  performed  on  each  of  the  digital  blocks,  and  each  of  them 
functioned  as  expected,  and  well  within  specifications.  The  following  discuss  the  specific 
results  reported  for  each  of  the  functional  cells. 

(1)  Address  Predecode  Logic  {APdecode) 

(a)  The  predecode  address  lines  (outputs)  swings  rail  to  rail  (±5V),  as  expected. 


# 
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(b)  Clock  frequencies  in  excessive  of  5  -  IQMHz  are  no  problem. 

(c)  TTL  inputs  trips  at  a  signal  level  of  approximately  -i-2V,  as  expected. 

(d)  Rise  times  au-e  much  faster  than  fall  times.  At  high  clock  rates,  the  output  of  the 
Address  Predecode  Logic  and  associated  ADL  decode  logic  must  be  stable  before 
the  data  is  latched  on  the  falling  edge  of  the  clock  signal.  This  restricts  the  clock 
frequencies  to  less  than  SQM  Hz  or  so. 

(2)  TTL  interface  drivers  {tt Lin frr Lout) 

(a)  The  TTL  input  driver  tripped  at  aprroximatelty  2.4V  and  and  output  was  ±5V, 
as  anticipated. 

(b)  The  TTL  output  driver  tripped  at  —0.2V  and  outputs  were  between  0  and  5V. 

(c)  Both  drivers  could  easily  handle  upto  5MHz. 

(d)  The  TTL  input  driver  (TTLm),  had  a  rise  time  of  1  -  Srjsec  and  a  fall  time  of 
10  —  ISfjsec.  This  difference  can  be  accounted  for  by  the  large  parzisitic  diffusion 
capacitance  associated  with  the  output  of  the  input  inverter  and  the  imbalance 
in  drive  capability  between  the  pull-up  transistor  and  the  pull-down  transistor 
of  this  stage.  The  experimental  results  shown  here,  agree  with  that  predicted  by 
SPICE  and  logic  simulations. 

(3)  Address  Decode  and  Latch  {ADLnand3i,ADLiatch) 

At  low-frequecies,  the  precharge  nature  of  this  design,  shows  the  address  trip 
level  at  approximately  -3.5  to  -3.8V;  but  at  iMHz  the  trip  level  is  upto  -2V 
and  no  longer  a  problem.  Thus  it  is  concluded  that  as  long  as  the  clock  frequency 
is  not  lowered  by  3-4  order  magnitudes  below  typical  clock  frequencies,  there  is 
no  problem. 

(4)  Stzmdard  2-input  AND  gate  {ttdnand2i) 

Functioned  as  expected. 
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S.8  Modified  OTA  with  3  Selectable  Output  Stages 


MOSIS  ID; 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


22846 

M721AB-2 

CBPE-MOSIS  3fi  CMOS  double-poly  p-well  process 
March-April  1987 
2300m  X  3400/i{7.82mm^) 

191m  X  784M(-150mm’) 

9 

28  pin  package 
Tested 


Purpose: 

This  test  chip  is  used  to  verify  that  the  design  modifications  to  the  OTA  of  DCASP-1 
do  indeed  result  in  an  OTA  with  a  functional  coarse  Qm  adjustment  capability.  Recall  from 
Section  5.3  that  for  the  OTA  of  DCASP-1,  the  disabling  of  the  larger  output  gain  stage 
rendered  the  smaller  output  gain  stage  useless  for  practical  input  signal  amplitude  levels. 


Description: 

Fig.  5.8-1  shows  the  circuit  schematic.  Device  sizing  is  presented  in  Table  5.8-1. 
Of  special  interest  is  the  method  of  biasing  the  two  output  stages.  In  the  OTA  circuit 
of  DCASP-1  (Fig.  5.3-1),  problems  arose  because  the  current  mirror  output  stages  were 
biased  by  connecting  the  drain  and  gate  of  M26  and  of  M32.  As  seen  in  Fig.  5.8-1,  those 
connections  have  been  replaced  by  connections  between  the  gate  and  drain  of  Af24  and 
between  the  gate  and  drain  of  M31.  In  this  way,  the  gate  voltages  for  the  transistors  in 
the  output  stages  are  not  affected  by  the  current  in  these  stages,  as  was  the  case  in  the 
OTA  of  DCASP-1. 

Another  modification  is  that  the  pass  transistors  used  to  disable  the  output  stages  in 
the  OTA  of  DCASP-1  have  been  eliminated.  In  the  modified  circuit  of  Fig.  5.8-9,  a  stage 
is  disabled  by  shunting  signal  current  to  the  positive  and  negative  supplies  via  transistors 
Af36,  M39  or  M37,  Af38. 

The  layout  of  the  test  chip  is  shown  in  Fig.  5.8-2  (Note:  The  DAC  and  latch  contained 
on  this  test  chip  are  descirbed  in  Sec.  5.).  A  diagram  showing  the  pinouts  on  the  IC  is 
given  in  Fig.  5.8-3.  Following  is  a  description  of  each  pin: 


5.8-1 


Fig.  6.8  1;  Circuit  schematic  for  modified  2-output  stage  OTA. 


DEVICE 

W 

B 

M1-M2 

8 

5 

M3-M4 

16 

5 

M5-M6 

8 

5 

M7 

7 

5 

M8,  M12 

40 

3 

M9-M11,  M13-M15 

80 

3 

M16-M17 

60 

3 

M18-M21 

120 

3 

M22-M23 

60 

3 

M24-M25 

120 

3 

M26-M27,  M32-M33 

60 

3 

M28-M24,  M34-M35 

6 

3 

M30-M31 

60 

3 

M36-M38 

20 

3 

M37-M39 

■ 

3 

Table  5.8-1:  Device  Sizing  for  OTA  Structure  of  Figure  5.8-1. 
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Fig.  5.8-2;  Layout  of  modified  2-output  stage  of  OTA  test  cell 
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Pin 

1:  Bulk 

Pin 

14: 

fout 

Pin 

15: 

Bo 

Pin 

16: 

Bi 

Pin 

18: 

V^5S 

Pin 

19: 

Pin 

20: 

Pin 

21: 

Vtail 

Pin 

22: 

Pin 

23: 

Vdd 

Test  Plan: 


Connection  to  the  n*^  substrate  of  the  chip 
OT  ■  output  current. 

Digital  control  for  the  smaller  of  the  two  OTA  output  stages. 
The  stage  is  enabled  for  Bo  =  1. 

Digital  contro  for  the  larger  of  the  two  OTA  output  stages.  The 
stage  is  enabled  for  Bi  =  1. 

Negative  supply  for  the  OTA. 

Positive  input  terminal  of  the  OTA. 

Negative  input  terminal  of  the  OTA. 

DC  input  voltage  used  to  adjust  the  gm  of  the  OTA  by  adjusting 
the  tail  current  in  the  cascoded  structures  of  the  OTA  input 
stage. 

DC  input  voltage  used  to  bias  the  currents  in  the  cascoded 
structure  of  the  OTA  input  stage. 

Positive  input  terminal  of  the  OTA. 


The  circuit  of  Fig,  5.8-3  is  used  to  determine  whether  output  signal  amplitudes  greater 
than  3Vp_p  can  be  obtained  without  excessive  distortion.  This  is  done  for  both  the  case 
where  only  the  lairger  stage  is  enabled  amd  the  case  where  only  the  smaller  stage  is  enabled 
in  order  to  ensure  that  the  problem  discussed  in  Section  5-3  does  not  exist  in  the  modified 
OTA. 

This  modified  OTA  is  itself  superceded  by  the  6-output  stage  OTA  discussed  in  Section 
5.11,  For  this  reason,  this  modified  2-output  stage  OTA  was  not  extensively  tested.  The 
modified  2-output  stage  OTA  is  not  found  in  either  of  the  two  DCASP  implementations. 


Experimental  Results 

It  was  verified  experimentally  that  for  the  circuit  of  Fig.  5.3-4  output  signal  ampli¬ 
tudes  greater  than  3Vp-p  can  be  obtained  with  either  of  the  two  output  stages  enabled. 
This  verified  that  the  problem  with  the  original  OTA  of  DCASP-1  had  indeed  been  elim¬ 
inated. 
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5.9  IV-Bit  Linear  DAC  with  Switching  Tree 


MOSIS  ID; 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


22846 

M72QAB-2 

CBPE-MOSIS  3m  CMOS  Double-Ply  p-Well 
March-April  1987 
2300m  X  3400M(7.82mm^) 

200m  X  1150m 
14 

28  Pin  Package 
Tested 


Purpose: 

This  test  chip  (Small  DAC)  is  used  to  characterize  both  the  moiiotonicity  and  linearity 
of  the  Digital-to-Analog  Converter  (DAC)  circuit  using  a  switching  transistor  tree.  The 
chip  is  the  second  fabrication  of  the  “small  linear  DAC”.  The  first  small  DAC,  described 
in  Sec.  5.5,  was  not  functional  due  to  the  fabrication  error. 


Description: 


As  shown  in  Fig.  5.9-1,  two  independent  blocks  have  been  fabricated  in  the  Small 
DAC,  an  OTA  and  a  small  DAC.  In  this  section,  however,  only  the  small  DAC  circuits  are 
described  and  tested.  The  small  DAC  structure  is  based  on  a  resistive  polysilicon  string 
with  taps  and  pass  transistors  at  uniformly  spaced  intervals.  The  operation  principles  are 
thus  similar  to  the  “Large  DAC”,  except  that  the  small  DAC  uses  a  pyramidal  switching 
array  to  decode  the  data  instead  of  using  the  standard  decoders.  (See  Fig.  5.9-2  and 
Fig.  5.9-3  for  the  block  diagram  and  circuit  schematic.) 


Test  Plans: 


The  pin  designations  of  the  small  DAC  are  shown  in  Fig.  DAC2-1.  The  biasing 
voltages  and  triggering  signals  are  connected  as  follows: 


Bulk  =  +5V  (5.9  -  1) 

Vss  =  (p  -  well)  =  -5V  (5.9  -  2) 

Ai  =  +5V  (Enabling)  (5.9  -  3) 

ULK  =  ±5V,  lOOOHz  (5.9  -  4) 
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VV.,+1  =0V 
Vr.!-  =  -5K 


(5.9  -  5) 
(5.9  -  6) 


64  DC  voltages  have  been  measured  from  Vi,ut  pin  by  changing  the  6-bit  data  vtrord 
(D0-D5)  to  all  possible  combinations.  The  instrument  xised  for  DC  measurements  is  the 
HP  3456A  Digital  Voltmeter  which  has  been  extensively  \ised  throughout  this  experiment. 


Experimental  Results: 


The  64  DC  voltages  measured  on  the  pin  are  listed  in  Table  5.&-1.  The  LSB 
error  and  both  characterize  the  linearity  of  the  DAC  and  can  be  defined  as  follows: 


4  '"’’“‘‘’‘I 


!63l-Vo»tlO| 

63 


X  100%  n  =  0,  .  .  .,  63 


a  ''““‘W  ~  ^‘’“'1"  X  100%  -1  =  0,1 . 64 

Utotal 


(5.9  -  7) 
(5.9  -  8) 


where  V'(,ut(-l!  =  ^rtf-  and  Vout(64}  =  Vre/+  and  Ro  and  Rqa  are  the  parasitic  resistors 
at  two  biasing  end.  Fig.  5.9-1  shows  that  the  small  DAC  performs  somewhat  better 
than  the  large  DAC  in  Section  5.5  in  the  sense  that  the  maximum  LSB  error  is  as  low 
as  6.3%.  This  fact  also  implies  that  the  6-bit  small  DAC  may  be  improved  with  much 
higher  resolutions.  However,  at  digital  setting  zero,  a  very  significant  offset  voltage  was 
measured.  This  output  voltage  of  zero  setting  is  expected  to  be  much  closer  to  Vi-e/-. 
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Table  The  DC  Output  Voltages  and  the  Linearity  Characteristics  with  Different 
Digital  Settings 


Digital 

Output 

LSBtrror 

Rs 

Rs-i 

0 

-4.476500 

0.000000 

10.469999 

1 

-4.406100 

0.175119 

1.408005 

0.13148 

2 

-4.335500 

0.066937 

1.412001 

1.002838 

3 

-4.265200 

0.384722 

1.405993 

0.995745 

4 

-4.194600 

0.276540 

1.412001 

1.004273 

5 

-4.124000 

0.168358 

1.412001 

1.000000 

6 

-4.053600 

0.343477 

1.408005 

0.997170 

7 

-3.983000 

0.235634 

1.411996 

1.002835 

8 

-3.912600 

0.411091 

1.408000 

0.997170 

9 

-3.842100 

0.444560 

1.410003 

1.001422 

10 

-3.771900 

0.903656 

1.403999 

0.995742 

11 

-3.701000 

0.370185 

1.417999 

1.009971 

12 

-3.630300 

0.120352 

1.413999 

0.997179 

13 

-3.559800 

0.153821 

1.410003 

0.997174 

14 

-3.489200 

0.045977 

1.411996 

1.001414 

15 

-3.418600 

0.062205 

1.412001 

1.000003 

16 

-3.348200 

0.113253 

1.408000 

0.997167 

17 

-3.277400 

0.278568 

1.416001 

1.005683 

18 

-3.206900 

0.245099 

1.410003 

0.995764 

19 

-3.136300 

0.352943 

1.411996 

1.001414 

20 

-3.065700 

0.461125 

1.412001 

1.000003 

21 

-2.995400 

0.144017 

1.406002 

0.995752 

22 

-2.924500 

0.677487 

1.417999 

1.008533 

23 

•2.854100 

0.502031 

1.408000 

0.992948 

24 

-2.783500 

0.610213 

1.412001 

1.002841 

25 

-2.712900 

0.718395 

1.412001 

1.000000 

26 

-2.642500 

0.542938 

1.408000 

0.997167 

27 

-2.571600 

1.076409 

1.417999 

1.007102 

28 

-2.501200 

0.900952 

1.408000 

0.992948 

29 

-2.430500 

1.150784 

1.413999 

1.004260 

30 

-2.359900 

1.258966 

1.412001 

0.998587 

31 

-2.289400 

1.225159 

1.409998 

0.998582 

32 

-2.218700 

1.475330 

1.414003 

1.002841 

Digital 

Output 

LSStrror 

Rn 

Rtotal 

RJ^-i 

33 

-2.148100 

1.583511 

1.412001 

0.998584 

34 

-2.077100 

2.258634 

1.419997 

1.005663 

35 

-2.006600 

2.225165 

1.410003 

0.992962 

36 

-1.936000 

2.333009 

1.411998 

1.001415 

37 

-1.865100 

2.866311 

1.417999 

1.004250 

38 

-1.794500 

2.974324 

1.412001 

0.995770 

39 

-1.723700 

3.365807 

1.415999 

1.002832 

40 

-1.653000 

3.615639 

1.414001 

0.998589 

41 

-1.582600 

3.440013 

1.408000 

0.995756 

42 

-1.511800 

3.831496 

1.415999 

1.005681 

43 

-1.439600 

6.208284 

1.444001 

1.019776 

44 

•1.369000 

6.316297 

1.412001 

0.977839 

45 

-1.299300 

5.148102 

1.394000 

0.987252 

46 

-1.228400 

5.681405 

1.417999 

1.017216 

47 

-1.157900 

5.647598 

1.410000 

0.994359 

48 

-1.087600 

5.330152 

1.406000 

0.997163 

49 

-1.017000 

5.438165 

1.412001 

1.004268 

50 

-0.946600 

5.262538 

1.407999 

0.997166 

51 

-0.876300 

4.945261 

1.406001 

0.998581 

52 

•0.805900 

4.769720 

1.408000 

1.001422 

53 

-0.735600 

4.452358 

1.406000 

0.998579 

54 

-0.665800 

3.426068 

1.396000 

0.992888 

55 

-0.595500 

3.108706 

1.406000 

1.007163 

56 

-0.525200 

2.791345 

1.406000 

1.000000 

57 

-0.455000 

2.332206 

1.404000 

0.998578 

58 

-0.384900 

1.731290 

1.402000 

0.998576 

59 

-0.314500 

1.555748 

1.408000 

1.004279 

60 

-0.243900 

1.663782 

1.412000 

1.002841 

61 

-0.173900 

0.921046 

1.400000 

0.991502 

62 

-0.103700 

0.461886 

1.404000 

1.002857 

63 

-0.033500 

0.002726 

1.404000 

1.000000 

64 

0.0067 

6 
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Fig.  5.9-2;  Block  diagram  of  the  small  DAC. 
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Fig.  5.9-4;  Small  linear  DAC  pins  assignment. 
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DAC  Performance  Analysis  of  the  Small  DAC  used  in  DCASP-2 


5.10  DCASP-2  6“*  FUter  Block 


Test  Chip: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
MOSIS  ID: 


DCASP-2  6**‘-Order  General  Purpose  Filter  Block 

CBPE  3^  CMOS  double-poly  p-well  process 

July- August  1987 

7900/i  X  9200/i 

5700/i  X  IZOOix 

29 

64-pin  package 
23496 


Purpose: 

This  test  chip  is  the  realization  of  a  newer  Controlled  Signal  Processor  (CSP)  in  which 
the  modified  OTA  and  Logarithmic  DAC  building  blocks  are  used  to  obtain  increased 
adjustment  range  and  improved  resolution.  Several  experiments  have  been  conducted  to 
evaluate  the  performance.  These  are  summarized  below. 

1.  Functional  Testings  of  biquads  for  different  configurations,  including  Low-Pass,  High- 
Pass,  Band-Pass,  and  High-Pass  Notch  Filters,  etc.,  and  the  cascaded  configurations. 

2.  Validating  the  adjustability  of  capacitor  arrays  and  OTA  transconductances. 

3.  Finding  the  tuning  range  of  fo's,BW's  and  Q's  for  Bandpass  configuration. 

4.  Measuring  the  tuning  resolution  of  BW,  and  Q  for  the  Bandpass  configuration. 

Extensive  tests  on  adjustment  range,  resolution,  linearity  and  noise  charzwrteristics  will  be 
completed  in  the  near  future. 


Description: 

The  block  diagram  of  the  DCASP  test-chip  is  shown  in  Figure  5.10-1.  A  die  photo¬ 
graph  is  shown  in  Fig.  5.10-2.  As  its  predecessor  DCASP-1,  the  chip  contains  3  cascadable 
biquads  and  a  Performance  Detector;  the  latter  is  discussed  in  another  section  of  this  re¬ 
port.  The  three  biquads  can  be  cascaded  so  that  up  to  6^^  order  filters  can  be  realized. 
Each  biquad  consists  of  five  Controllable  Transconductance  Amplifiers  (CTA)  as  well  as 
two  switchable  capacitor  arrays.  The  capacitor  arrays  and  transconductance  amplifiers 
can  be  digitally  programmed.  Each  biquad  can  be  programmed  to  realize  various  filter 
functions  including:  HP,  BP,  LP,  AP,  LPN  and  HPN. 
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Fig.  5.10-2:  The  die  photograph  of  DCASP-2. 
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Test  Plant: 


The  DC  ASP-2  test  chip  has  29  pins  which  are  dedicated  to  the  CSP.  Pin  designations 
are  shown  in  Fig.  5.10-3.  The  DC  ASP-2  chip  is  tested  in  the  digital  CSP  controller 
board  which  is  discussed  in  the  Tuning  Host  Section  (Sec.  2.4)  of  this  report.  The  biasing 
voltages  used  for  these  tests  are  as  follows; 


Vdd  =  Bulk  =  -f-SV 

(5.10  -  1) 

Vss  =  -5K 

(5.10  -  2) 

Vna,  =  -2.SV 

(5.10  -  3) 

=V,f^=  -3.457 

(5.10  -  4) 

Vr,-  =  Vrf-  =  -3.707 

(5.10  -  5) 

The  major  instrument  used  for  testing  the  filter  characteristics  is  the  HP  3585A  which 
is  a  20  Hz  to  40MHz  Spectrum  Analyzer.  This  is  used  for  both  providing  broadband  input 
excitations  and  measuring  frequency  responses. 

On  the  DCASP  controller  board,  the  HD6801  microcomputer  is  programmed  to  per¬ 
form  various  tests.  There  are  4  DIP  switches  (with  16  total  combinations)  on  the  controller 
board  which  are  used  to  configure  the  DCASP-2  chip  in  various  ways  for  pertaining  dif¬ 
ferent  tests.  A  brief  description  of  the  initial  set  of  16  test  programs  is  provided  below.  A 
program  listing  appears  in  Table  5.10-1. 


TEST  0  =  Sets  Biquad  1  up  for  testing  on  excitation  and  response  busses  with  minimum 
fo  and  BW  values.  The  program  sequence  is  as  follows 

Write  zero’s  to  every  DCASP  address 
Turn  on  overall  DCASP  configuration 
Turn  on  the  first  biquad 

TEST  1  =  Test  basic  functionality  of  Biquad  1.  This  test  sequentially  reconfigtires  BI¬ 
QUAD  1  to  realize  nominal  LP,BP,  HP,  and  LPN  filter  functions.  The  input  and  output 
of  Biquad  are  connected  to  the  excitation  and  response  busses  for  testing. 

TEST  2  =  Test  for  adjustment  fimctionality  via  capacitor  array  for  Biquad  1.  Biquad  1  is 
connected  in  a  BP  configuration  to  the  excitation  and  response  busses.  The  capacitor 
array  is  sequentially  scanned  to  change  the  center  frequency  of  the  filter. 

TEST  3  =  Test  functional  matching  of  each  biquad  and  cascade  circuitry.  Initially,  the 
three  Biquads  are  configured  in  the  bandpass  configurations  and  sequentially  cozmected 
to  the  excitation  and  response  bus.  They  are  then  connected  in  cascades  of  first  two 
and  then  three  biquads. 


TEST  4  =  Tests  for  adjusted  functionality  via  gm  control  for  Biquad  1.  Biquad  1  is 
connected  in  a  BP  configuration  to  the  excitation  and  response  busses.  The  gm  value 
is  sequenced  by  making  coarse  gm  adjustments  to  change  the  center  frequency. 
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VrQ--|5 
Input  32 
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s*«515B;jdJ5 

Vi/Resp  -#® 
Vbias  -J* 
vrt-l-?® 


vr  f  +UJ^ 


Fig.  5.10-3;  The  pin  assignments  of  DCASP-2. 


5.10-6 


Table  5.10-1 


Source  listing  of  test  programs 


“ssei" 

RESET 

SET 

6FFFEN 

RESET  VECTOR 

PGM 

SET 

6F666H 

PROGRAM  LOCATION 

:  OCASP-2 

Filters  :  16  TEST  PROGRAMS  HAVE  BEEN 

INCLUDED 

;  Oat«  : 

69/27/87  Tin* 

:  21:43 

» 

* 

by 

Lawranca  Loh 

OUTPORT 

SET 

6FFH 

DOR  VALUE  FOR  OUT  PORT 

D0R1 

SET 

66H 

OOR  OF  P0RT1 

P0RT1 

SET 

e2H 

DATA  REG.  OF  P0RT1 

00R2 

SET 

61H 

DOR  OF  P0RT2 

P0PT2 

SET 

e3H 

DATA  REG.  OF  P0RT2 

D0K3 

SET 

64H 

DOR  OF  PORT  3 

P0RT3 

SCT 

68H 

DATA  REG.  OF  P0RT3 

00R4 

SET 

65H 

DOR  OF  P0RT4 

P0RT4 

SET 

e7H 

DATA  REG.  OF  P0RT4 

CTR3 

SET 

eFH 

CNTL  AND  STATUS  REG.  P3 

TELL 

MACRO 

6A0R.60ATA 

MACRO  TO  SEND  DATA 

LOAA 

lltAOR 

GET  ADDRESS 

STAA 

P0RT4 

SEND  TO  P0RT4 

NOP 

LOAA 

feOATA 

GET  DATA 

STAA 

P0RT3 

SEND  TO  P0RT3 

NOP 

MEND 

ORG 

RESET 

FOB 

PGM 

INIT.  RESET  VECTOR 

DIRECT 

SET  ADR,  MODE  TO  DIRECT 

ORG 

PGM 

PROGRAM 

SEI 

SET  INTRT.  MASK 

LOS 

#06FFH 

DEFINE  THE  STACK 

LOAA 

fOUTPORT 

LD  CODE  FOR  OUT  PORT 

STAA 

00R3 

CONFIG.  P3  AS  OUT  PORT 

STAA 

00R4 

CONFIG.  P4  AS  OUT  OQRT 

LOAA 

|ieH 

STAA 

CTR3 

CONFIG.  P3  C*S  REG. 

TELL 

eiH.esH 

TELL 

62H.eeH 

TELL 

4  AU  AALl 

1  wi,  wn 

TELL 

12H.1FH 

TELL 

13H.3FH 

TELL 

14H.1FH 

TELL 

15H.3FH 

TELL 

16H,1FH 

TELL 

17H.3FH 

TELL 

ISH.eSH 

TELL 

19H,eeH 

TELL 

lAH.SBH 

TELL 

1BH,3FH 

TELL 

1CH.13H 

TELL 

1EH.13H 

TELL 

AALi 

AvnavOn 

TELL 

22H.eeH 

TELL 

23H.eeH 

TELL 

24H.1FH 

TELL 

25H.3FH 

TELL 

26H.1FH 

TELL 

27H,3FH 

TELL 

9AU  AOU 

*onf  wn 

TELL 

29H,3FH 

TELL 

2AH.66H 

TELL 

2SH,3FH 

TELL 

2CH,13H 

TELL 

2EH,13H 

TELL 

^AU  AAii 

TELL 

32H.eeH 

TELL 

33H.e0H 

TELL 

34H.1FH 

TELL 

3SH.3FH 

BACK 


T0 

T1 

T2 

T3 

T4 

T5 

T8 

T7 

T8 

T9 

Tie 

T11 

T12 

T13 

T14 

T15 


TEST0 


LOOPe 


TELL 

30H.1FH 

TELL 

37H,3FH 

TELL 

XflU  AM 

TELL 

39H.MH 

TELL 

3AH.0eH 

TELL 

38H.3FH 

TELL 

3CH.13H 

TELL 

3EH.13H 

LOAA 

P0RT1 

CMPA 

IBH 

BEQ 

T0 

CMPA 

iflH 

BEQ 

T1 

CM>A 

|2H 

BEQ 

T2 

CMP/. 

#3H 

BEQ 

T3 

CMPA 

|4H 

BEQ 

T4 

CMPA 

|5H 

BEQ 

T5 

CMPA 

|6H 

BEQ 

T6 

CMPA 

#7H 

BEQ 

T7 

CMPA 

|8H 

BEQ 

T8 

CMPA 

#9H 

BEQ 

T9 

CMPA 

feAH 

BEQ 

Tie 

CMPA 

|0BH 

BEQ 

Til 

CMPA 

lecH 

BEQ 

T12 

CMPA 

|eoH 

BEQ 

T13 

OTA 

leEH 

BEQ 

T14 

CMPA 

#0FH 

BEQ 

T15 

JMP 

BACK 

TEST0 

JMP 

TEST1 

'  JP 

TEST2 

JUP 

TEST3 

TEST4 

JUP 

TESTS 

JMP 

TESTS 

JMP 

TEST7 

JhP 

TESTS 

JW> 

TEST9 

JMP 

TEST 10 

JMP 

TEST 11 

Jlif> 

TEST 12 

JMP 

TEST 13 

JMP 

TEST14 

JMP 

TESTIS 

LOAA 

leeH 

LOAB 

leeH 

STAA 

P0RT4 

NOP 

NOP 

STAB 

P0RT3 

NOP 

NOP 

INCA 

BNE 

LOOPS 

TELL 

eiH.esH 

TELL 

ieH.3FH 

JMP 

BLINK 

GET  PORT1  SETTING 

SET-0.  CO  TO  TEST0 

SET-1 .  CO  TO  TEST1 

SET-2.  GO  TO  TEST2 

SET-3.  CO  TO  TEST3 

SET-4.  CO  TO  TEST4 

SET-S.  CO  TO  TESTS 

SET-6.  GO  TO  TESTS 

SET-7.  CO  TO  TEST7 

SET-a.  GO  TO  TESTS 

SET-9.  GO  TO  TEST9 

SET-10  GOTO  TEST 10 

SET-11  GOTO  TEST11 

SET-12  GOTO  TEST12 

SET-13  GOTO  TEST13 

SCT-14  GOTO  TEST14 

SET-15  GOTO  TESTIS 
OTHERWISE  START  AGAIN 
All  e’t 


EXIT  WHEN  BACK  TO  0 
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TEST1:  Noninol  LP.  BP,  HP,  LPN  Flltart,  (BIQUAO  1) 


TEST2 


TELL 

IBH.WH 

TELL 

12H.MH 

TELL 

TELL 

14H.SFH 

TELL 

15H.3FH 

TELL 

IBH.iFH 

TELL 

17H.3FH 

TELL 

TELL 

19H.MH 

TELL 

1AH.64H 

TELL 

1BH,3FH 

TELL 

1CH,e9H 

TELL 

1EH,e9H 

JSR 

0ELAY.5,E 

TELL 

19H,93H 

TELL 

12H,eeH 

TELL 

i3H,eeH 

TELL 

14H,3FH 

TELL 

15H,3FH 

TELL 

1«H,3FH 

TELL 

17H,3FH 

TELL 

18H,0eH 

TELL 

19H.3FH 

TELL 

1AH,eeH 

TELL 

18H,3FH 

TELL 

1CH,e9H 

TELL 

1EH,e9H 

JSR 

0ELAY_5,E 

TELL 

ieH,23H 

TELL 

12H,MH 

TELL 

13H,eeH 

TELL 

14H,3FH 

TELL 

15H,3FH 

TELL 

16H,3FH 

TELL 

17H,3FH 

TELL 

18H,«eH 

TELL 

19H,3rH 

TELL 

1AH,eeH 

TELL 

1BH,3FH 

TELL 

1CH,e9H 

TELL 

1EH,09H 

JSR 

0ELAY_5,E 

TELL 

10H,2BH 

TELL 

12H.3FH 

TELL 

13H,3FH 

TELL 

14H,3FH 

TELL 

15H,3FH 

TELL 

16H.3FH 

TELL 

i7H.3FH 

TELL 

mu  AAU 
i  OH  1  oon 

TELL 

19H,00H 

TELL 

1AH,09H 

TELL 

1BH,3FH 

TELL 

1CH,89H 

TELL 

1EH,09H 

JSR 

0ELAY_5,E 

JM> 

BLINK 

ip  for  BP 

Filtor: 

TELL 

10H.83H 

TELL 

12H,00H 

TELL 

ion*  WrJ 

TELL 

14H,3FH 

TELL 

15H,3FH 

TELL 

10H,3FH 

TELL 

17H,3FH 

TELL 

18H.00H 

TELL 

19H.3FH 

TELL 

lAH.BBH 

TELL 

1BH.3FH 

5.10-9 


LOOP1 


WAIT1 


TELL 

lEH,t3H 

JSR 

OEUY.S.E 

TELL 

ICH.BFH 

TELL 

lEH.tFH 

JSR 

0ELAY.5.E 

TELL 

ICH.eBH 

TELL 

lEH.eSH 

JSR 

OEUY.S.E 

TELL 

1CH,«eH 

TELL 

1EH.e«H 

JSR 

OEUY.S.E 

TELL 

1CH.13H 

TELL 

1EH.13H 

LOAB 

#13H 

LOAA 

|1CH 

SET  ce 

STAA 

NOP 

NOP 

P0RT4 

SET  AOORESS 

STAB 

NOP 

NOP 

PORTS 

SET  OATA 

LOAA 

#1EH 

SET  07 

STAA 

NOP 

NOP 

PORTA 

SET  AOORESS 

STAB 

NOP 

NOP 

P0RT3 

SET  DATA 

JSR 

LEO.ON.E 

JSR 

0EUY.1.E 

JSR 

LEO.OFF.E 

JSR 

OECB 

0EUY.1.E 

BNE 

L00P1 

JSR 

LEO.ON.E 

BRA 

WAIT1 

TEST3;  Cascaded  Bandpass  Flltsrs: 


TELL 

iBH.eeH 

TELL 

i2H.eeH 

TELL 

13H.00H 

TELL 

14H.3FH 

TELL 

15H.3FH 

TELL 

16H.3FH 

TELL 

17H.3FH 

TELL 

18H.00H 

TELL 

19H,3FH 

TELL 

lAH.MH 

TELL 

1BH.3FH 

TELL 

1CH.0FH 

TELL 

lEH.OFH 

TELL 

2eH,e0H 

TELL 

22H.eeH 

TELL 

23H.e«H 

TELL 

24H.3FH 

TELL 

25H.3FH 

TELL 

26H,3FH 

TELL 

27H.3FH 

TELL 

28H.«eH 

TELL 

29H.3FH 

TELL 

2AH.eeH 

TELL 

2BH.3FH 

TELL 

2CH.eOH 

TELL 

2EH.0OH 

TELL 

•  wn 

TELL 

32H.eeH 

TELL 

33H.eeH 

TELL 

34H.3rH 

TELL 

3SH.3FH 
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TELL 

36H.3FH 

TELL 

37H.3FH 

TELL 

Xftu  AAU 

arOO  % 

TELL 

3BH.3FH 

TELL 

3AH,MH 

TELL 

3eH,3FH 

TELL 

3CH.eeH 

TELL 

3EH,eeH 

TELL 

ieH.63H 

JSR 

0EUY_5.E 

TELL 

lOH.eeH 

TELL 

2eH.e3H 

JSR 

OEUY^S.E 

TELL 

2eH.eeH 

TELL 

3eH.e3H 

JSR 

0ELAY_5.E 

TELL 

a  wn 

TELL 

IBH.eSH 

TELL 

2eH,e2H 

JSR 

OELAY.S.E 

TELL 

2eH.e4H 

TELL 

3eH,e2H 

JlnP 

BLINK 

TEST4  :TEST 

rOR  DIFFERENT  9m  COARSE  VALUES 

TELL 

ieH,03H 

TELL 

UH.eeH 

TELL 

14H.3FH 

TELL 

16H.3FH 

TELL 

IBH.eOH 

TELL 

lAH.eeH 

TELL 

ICH.eSH 

TELL 

lEH.eSH 

LOAB 

#3FH 

L00P2 

LOAA 

|13H 

STAA 

P0RT4 

STAB 

P0RT3 

LOAA 

#1SH 

STAA 

P0RT4 

STAB 

P0RT3 

LOAA 

#17H 

STAA 

P0RT4 

STAB 

P0RT3 

LOAA 

|19H 

STAA 

P0RT4 

STAB 

P0RT3 

LOAA 

#18H 

STAA 

P0RT4 

STAB 

P0RT3 

JSR 

LEO.ON.E 

JSR 

DELAY.I.E 

JSR 

LED_OFF,E 

JSR 

OEUY.I.E 

DECS 

BNE 

L00P2 

BLINK 

LOAA 

IBFFH  LEO  ON 

LOAB 

?03FH  led  off 

L00P8LNK 

JSR  DEUY.E 


STAA 

P0RT4 

ON 

JSR 

OEUY.E 

STAB 

P0RT4 

OFF 

Jl«> 

L00P8LNK 

DELAY  ;  D«lay  .5  accondt 
PSHA 
PSHB 
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OELAYJ^ 

DEUY_B 


DEUY_1 


0ELAY_5 


DEUY.ie 


0EUY_28 


LED.ON  ; 


LED.OFF 


TESTS 


LOAA 

LOAB 

#0FFH 

OECA 

DECS 

BNE 

TSTA 

BNE 

PULB 

PULA 

RTS 

DEUYJ 

DEUYJt 

:  Delay  1  tacond 

PSHA 

PSH8 

JSR 

JSR 

PULB 

PUU 

RTS 

DEUY.E 

DEUY.E 

:  Delay  S  eeconde 
PSHA 

PSH8 

JSR 

JSR 

JSR 

JSR 

JSR 

PULB 

PULA 

RTS 

DEUY.I.E 

DEUY.I.E 

DEUY_1.E 

DEUY.1.E 

OEUY.I.E 

;  Delay  10  seconds 
PSHA 

PSH8 

JSR 

JSR 

DEUY.S.E 

DEUY_5.E 

PULB 

PULA 

R1S 

;  Delay  20  seconds 
PSHA 

PSHB 

JSR 

JSR 

DEUY_10.I 

DEUY_10J 

PULB 

PULA 

RTS 

Turns  the  LEO  on. 
PSHA 

TELL 

PULA 

RTS 

0FFH.0AAH 

:  Turns  the  LED  off. 
PSHA 

TELL 

PUU 

RTS 

03FH.55H 

:CASE1: 

MIN  BW,  MIN  W0 

TELL 

10H,03H 

TELL 

12H.00H 

TELL 

13H,00H 

TELL 

14H,00H 
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c 


TEST6 


TCIL 

TELL 

18H.MH 

TELL 

17H.41H 

TELL 

18H.MH 

TELL 

TELL 

lAH.NH 

TELL 

IBH.tlH 

TELL 

1CH.13H 

TELL 

1EH.13H 

Jlyp 

BLINK 

TEST? 


TESTS 


TEST9 


;CASE2:  HM  BW, 

MAX  we 

TELL 

IWH.eSH 

TELL 

i2H.eeH 

TELL 

iSH.eeH 

TELL 

14H.3FH 

TELL 

15H.3FH 

TELL 

16H.3FH 

TELL 

17H.3FH 

TELL 

18H.3m 

TELL 

19H.3FH 

TELL 

1AH.3FH 

TELL 

ieH.3FH 

TELL 

ICH.eeH 

TELL 

lEH.eeH 

JUP 

BLINK 

:CASES:  MAX  we  AND  SMALLEST 

TELL 

ieH,e3H 

TELL 

i2H,eeH 

TELL 

i3H.eeH 

TELL 

14H.3FH 

TELL 

15H,3FH 

TELL 

18H.3FH 

TELL 

17H.3FH 

TELL 

ISH.eeH 

TELL 

19H.eiH 

TELL 

lAH.eeH 

TELL 

IBH.eiH 

TELL 

ICH.eeH 

TELL 

lEH.eeH 

JMP 

BLINK 

:CASE4:  MIN  BW, 

LARGEST  we 

TELL 

lOH.eSH 

TELL 

i2H,eeH 

TELL 

i3H,eeH 

TELL 

14H,3FH 

TELL 

1SH.3FH 

TELL 

16H.3FH 

TELL 

17H,3FH 

TELL 

ISH.eeH 

TELL 

19H,eiH 

TELL 

lAH.eeH 

TELL 

IBH.etH 

TELL 

ICH.eeH 

TELL 

1EH.13H 

JMP 

BLINK 

‘.CASES:  MIN  WO. 

Ch  e.s 

TELL 

ieH.e3H 

TELL 

i2H.eeH 

TELL 

ISH.eeH 

TELL 

lAH.eeH 

TELL 

ISH.eiH 

TELL 

ISH.eeH 

TELL 

ITH.eiH 

TELL 

IBH.ieH 

TELL 

19H.e2H 

TELL 

1AH.19H 

TELL 

1BH.e2H 

TELL 

1CH.13H 
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TCST1* 


TEST11 


TEST 12 


TEST13 


TEST 14 


TILL 

JIfP 


1EH.13H 

8LIM( 


;CASE6:  WAX  M.  Q  -  f  .9 


TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

JliP 


10H.e3H 

12H,MH 

19H.MH 

14H.3FH 

15H.3FH 

18H.3FH 

17H.3FH 

18H.3FW 

19H.3FH 

1AH.3FH 

18H.3FH 

icH.eeH 

lEH.eeH 

BLINK 


;CASE7:  W  OAC  •  Vr«f4 


TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

JliP 


ieH,e3H 

12H.eeH 

i3H,eeH 

14H,3EK 

15H.3FH 

16H.3FH 

17H.3FH 

18H.3FH 

19H,3FH 

1AH.3FH 

1BH,3FH 

ICH.eeH 

lEH.eOH 

BLINK 


;CASE8:  BW  OAC  •  Vr«f+ 


TELL 

TELL 

TELL 

TELl 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

JMP 


ieH,e3H 

12H,eeH 

13H,«eH 

14H.3FH 

15H.3FH 

16H,3FH 

17H.3FH 

18H.3EH 

19H.3FH 

1AH,3EH 

18H.3FH 

ICH.eOH 

lEH.MH 

BLINK 


:CASE9:  Wl,  BW.  OAC  •  Vr«f- 


TELL 

ieH.e3H 

TELL 

12H.»eH 

TELL 

i3H.eeH 

TELL 

14N.8eH 

TELL 

15H.3FH 

TELL 

i6H,eeH 

TELL 

17H.3FH 

TELL 

iBH.eeH 

TELL 

19H,3FH 

TELL 

lAH.eeH 

TELL 

18H.3FM 

TELL 

ICH.MH 

TELL 

lEH.eeH 

JhP 

BLINK 

:CASEie: 

W02  OAC  •  Vr«f> 

TELL 

leH.esH 

TELL 

i2H,eeH 

TELL 

i3H.eeH 
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TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

TELL 

JMP 


19H.3FH 

16H.MH 

17H.3FH 

18H.MH 

19H,3FH 

lAH.aaH 

1BH.3FH 

ICH.eeH 

1EH.e«H 

BLINK 


•  TEST15  :CASE11:  8W2  OAC  t  Vr«f- 


TELL  1«H,«3H 

TELL  12H.66H 

TELL  13H,eeH 

TELL  14H.eeH 

TELL  15H.3FH 

TELL  IfiK.OBH 

•  TELL  17H.3FH 

TELL  18H.01H 

tell  19H.3FH 

TELL  1AH.01H 

TELL  1BH.3FH 

TELL  1CH.00H 

TELL  lEH.OBH 

JMP  BLINK 


END 
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Test  5(case  l)-15(case  10) 

These  tests  are  for  determining  the  /„  and  BW  adjustment  range  of  Biquad  1  which  is 
configured  in  the  BP  mode.  Eleven  different  fo  and  BW  values  are  set  which  correspond 
to  extreme  settings  on  the  gm  and  capacitor  array  values,  as  well  as  at  positions  for 
detemiming  limited  LSB  resolution  on  fo  and  BW.  These  tests  are  summarized  in  Table 
5.10-2. 

For  example,  Test  5(Case  1)  corresponds  to  the  minimum  fo,  minimum  BW  filter 
attainable  with  Biquad  1.  A  brief  flow  diagram  of  the  program  for  this  test  appears  in 
Table  5.10-3. 


Experimental  Results 


Test  0  through  Test  4  are  intended  only  to  verify  basic  functionality  of  the  CSP.  A 
spectriim  analyzer  was  connected  to  the  CSP  via  the  excitation  and  response  busses  when 
these  tests  were  run.  Basic  functionality  was  verified  in  all  of  these  tests.  Preliminary  test 
results  for  Tests  5-15  are  summarized  in  Table  5.10-4.  Emphasis  in  these  tests  was  on 
quantifying  gm  and  BW  adjustment  range.  These  measurements  were  obtained  from  an 
HP3585A  Spectrum  Analyzer  by  the  following  procedures: 


1.  Set  DIP  switches  to  the  desired  test  (5  to  15). 

2.  Reset  the  microcomputer  (HD6801). 

3.  Measure  hmax  [the  peak  value]. 

4.  Find  fzdbi  and  f3db2- 


5.  Obtain  fo,BW,  and  Q  by  calculating: 


fo  =  VTwfci  X  hdb7 
BW  =  f3db2  -  hdbl  Q  = 


A_ 

BW 


(5.10  -  6) 
(5.10  -  7) 


The  results  from  experiments  have  shown  that,  in  general,  the  biquads  and  switching 
capacitors  in  DCASP-2  are  functional.  The  domain  of  /<,  and  BW  values  is  somewhat 
smaller  than  the  theoretical  as  anticipated.  This  reduction  can  be  seen  by  comparing 
the  results  in  Table  5.10-4  with  those  in  Table  5.10-5.  For  Case  1  and  Case  2,  the 
attainable  ranges  of  fo  and  BW  are  found  to  be  smaller  then  expected.  Cases  3  and  4 
correspond  to  the  most  stringent  filter  specifications,  namely  the  smallest  bandwidths 
at  the  highest  frequencies.  The  theoret'  'al  corresponding  pole  Q’s  are  188  and  600 
respectively  and  any  significant  Q-enhancement  will  cause  instability.  Experimen¬ 
tally,  the  circuit  of  Case  3  oscillated  and  that  of  Case  4  is  still  being  investigated. 
The  performance  of  the  circuits  corresponding  to  Cases  6-11  are  much  as  expected. 


5.10-16 


The  measured  adjustment  ranges  are  depicted  in  Fig.  5.10-4.  The  theoretical  and 
experimental  adjustment  ranges  are  superimposed  in  Fig.  5.10-5. 

The  basic  functionality  of  DCASP-2  has  been  experimentally  verified.  The  results 
are  consistent  with  theoretical  expectations.  A  preliminary  investigation  of  the  fo  and 
BW  adjustment  ranges  has  also  been  made.  Additional  detailed  tests  relating  to  linearity, 
resolution,  adjustment  range  and  noise  are  planned  in  the  near  future. 
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Description 
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Table  6.10-2:  Configuring  BP  Filters  for  Several  Cases 

Common  Settings;  BlQUADl  (Address  10H)=03H 
ymi  (Address  12H,  13H)=03H 
gm*  (Addrsss  18H,  19H)=^Sm6  (Address  lAH;  l^H) 


Select  Biquad  1 

IOh 

03ff 

2. 

Set  gmi  to  zero 

(ymi  coarse=  0) 

13h 

OOff 

(jmi  fine=  0) 

12h 

OOff 

3. 

Set  (ffma  =  gmZ  =  SmA  =  ?m5 

to  minimum  Qm 

{gmi  coarse=  0) 

15h 

OOff 

[gmi  coar3e=  0) 

17j/ 

OOff 

[gmA  coarse=  0) 

19ff 

OOff 

(gms  coarse=  0) 

OOff 

(gm7  fine=minimum) 

14ff 

Olff 

(gm3  fine=minimum) 

16ff 

Olff 

(gmA  fine=minimum) 

18ff 

Olff 

(gms  fine=minimum) 

lAff 

Olff 

Bi 

Set  Ce  =  Cj  =maximum 

(Ce  =maximum} 

iCff 

13ff 

(Cr  =maximum) 

l£ff 

13ff 

Table  5.10-3:  Flow  diagram  for  Test  5. 


5.10-19 


CASE 

fzdh\.[ilz) 

fuu{HZ) 

um) 

BW[Hz) 

Q 

HMAx{d 

1 

1250.8  ±  1.3 

3156.0±  1.3 

1986.8 

1905.2 

1,0429 

-8.28 

2 

987,000  ±  920 

1,802,593  ±  920 

1,333,851.3 

815,593 

1.6354 

-7.49 

3 

Oscillates  at  11.45  MHs 

4 

Oscillates  at  1.7  MHz 

5 

281.5  ±  3.2 

3,337  ±  3.2 

969.2 

3,055.5 

0.3172 

-8.97 

6 

574,700  ±  950 

1,460,100  ±  950 

916,034.6 

885,400 

1.0346 

-7.88 

7 

985,100  ±  920 

1,801,150  ±  920 

1,332,033.4 

816,050 

1.6323 

-7.33 

8 

987,460  ±  920 

1,801,720  ±  920 

1,333,838.9 

814,260 

1.6381 

-7.30 

9 

734,300  ±  870 

1,560,800  ±  870 

1,070,558.5 

826,500 

1.2953 

-7.33 

10 

736,200  ±  870 

156,270  ±  870 

1,072,594.9 

826,500 

1.2978 

-7.31 

11 

733,350  ±  870 

1,560,800  ±  870 

1,069,865.7 

827,450 

1.2930 

-7.32 

Table  5.10-4:  Results  of  DCASP-2  for  Ca.se  1-Case  1-Case  11  in  Table  5.10-1. 
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Fr«qu«ncy  (Hz) 


100 


T 


1000 


10000 


100000 


1 000000 


BANDWIDTH  (Hz) 


Fig.  5.10-4; 


The  tuning  range  measured  from  DCASP-2. 
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CASE 


Q 


Table  5.10-5:  Theoretic  Values  of  Parameters  for  Case  1  through  Case  11  in  Table  5.10-1 
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Fr«qu«ncy  (Hx) 


i 


BANDWIDTH  (Hz) 


Fig.  5.10-5:  Comp«irison  of  tuning  ranges  between  measure  and  theoretic  values. 
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5.11  OTA  with  0  Selectable  Output  Stages 


Name:  OTA  6-bit 

MOSIS  ID:  23528 

Fab.  ID:  M72LJH-1 

Technology:  CBPE-MOSIS  3/x  CMOS  double-poly  p-well  process 

Fabricated:  July-August  1987 

Chip  Si*e:  2300/1  x  3400/t(7.82mm*) 

Active  Area:  300/i  x  750/i(0.225mm^) 

Number  of  Pads:  17 
Packaging:  28  pin  package 

Status:  Currently  being  tested. 


Purpose: 

This  test  chip  is  used  to  characterize  the  6-output  stage  OTA  used  in  the  controlled 
transconductamce  amplifier  (CTA)  of  DCASP-2.  As  was  reported  in  Section  2. 1.2.1,  the 
2-output  stage  OTA  used  in  DCASP-1  exhibits  a  large  “gap”  in  the  attainable  values  of 
Qm-  The  6-output  stage  OTA  described  in  this  section  was  designed  to  eliminate  such  gaps 
as  well  as  to  allow  much  smaller  values  of  Qm  than  possible  with  the  previous  designs. 

In  addition  to  the  characterization  of  the  gm  adjustment  range  for  the  OTA,  the 
following  will  be  studied:  effect  of  dynamic  range;  linearity;  noise  characteristics; 

frequency  response;  power  dissipation. 


Description: 

A  circuit  schematic  and  device  sizes  are  given  in  Section  2.1.2. 1  and  repeated  as 
Fig.  5.11-1  and  Table  5.11-1.  In  addition  to  the  OTA  circuit,  the  test  chip  contains  a  6- 
bit  latch  which  is  used  to  hold  the  digital  control  word  for  the  6  output  stages  of  the  OTA. 
The  die  photograph  of  the  test  cell  is  shown  in  Fig.  5.11-2  (Note:  The  DAC  contained  on 
this  test  cell  is  described  in  Sec.  5.12).  A  diagram  showing  the  pinouts  on  tne  test  IC  is 
given  in  Fig.  5.11-3.  Following  is  a  description  of  each  pin: 


Pin  1:  Bulk  The  connection  to  the  n+  substrate  of  the 

chip 
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Pin  S-lOiDsD^DzDiDiDo  Digital  input  to  the  6-bit  latch.  Ds  con¬ 
trols  the  largest  OTA  output  stage,  Dq  the 
smallest. 


Pin  11:  CLK 
Pin  12:  LOAD 
Pin  14:  lout 
Pin  18:  V55 
Pin  19:  Vuag 

Pin  20:  VtoH 


Pin  21:  Vr 

Pin  22: 

Pine  23:  Vdo 


Clock  input  to  the  6-bit  latch. 

Enable  input  to  the  6-bit  latch. 

OTA  output  current. 

Negative  supply  for  the  test  circuit. 

DC  input  voltage  used  to  bias  the  currents 
in  the  cascoded  structure  of  the  OTA  input 
stage. 

DC  input  voltage  used  to  adjust  the  gm  of 
the  OTA  by  adjiisting  the  tail  current  in  the 
cascoded  structures  cf  the  OTA  input  stage. 

Negative  input  terminal  of  the  OTA. 

Positive  input  terminal  of  the  OTA. 

Positive  supply  for  the  test  circuit. 


As  discussed  in  Sec.  2. 1.2.1,  the  6-output  stage  OTA  was  designed  to  provide  11 
equally  spaced  (in  the  logorithmic  sense)  gain  factors.  Table  5.11-2  (repeated  from  Sec.  2.3.3.1) 
lists  the  digital  input  settings  used  to  achieve  these  11  gain  factors. 


Test  Plan: 


(a)  Coarse  and  fine  adjustment  range  measurement 


The  circuit  shown  in  Fig.  5.11-4  was  used  to  test  the  OTA.  The  op  amp  in  the 
test  circuit  allows  the  OTA  output  to  be  ideally  terminated  in  a  short  circuit  by 
maintaining  the  output  voltage  at  approximately  OV.  The  experimental  value  of  gm 
is  computed  from  measun  ments  of  Vouu  Rf  and  Vjn  using  the  equation 


9m  — 


fout 


Vi 


•n 


RpVin 


(5.11  -  1) 


This  is  done  for  several  values  of  the  control  voltage  Vtaii  for  measurement  of  the  fine 


gm  adjustment  characteristics.  To  obtain  the  coarse  adjustment  characteristics,  the 
procedure  is  repeated  for  all  11  of  the  coarse  control  digital  input  states  of  interest, 
i.e.,  for  those  states  which  were  designed  to  yield  11  equally  spaced  (in  the  logarithmic 
sense)  gain  factors  (see  Section  2.1.2.1).  From  the  resulting  data,  a  plot  of  gm  versus 
Vtaii  is  constructed  for  each  of  the  coarse  control  settings. 

(b)  EflFect  of  Vbiat 


Experimental  determination  of  the  optimal  value  of  is  desired.  The  circuit  shown 
in  Fig.  5.11-4  is  again  used.  The  procedure  is  similar  to  that  in  (a),  except  that  the 
measurements  are  repeated  for  different  values  of  V(,a«.  Only  the  largest  gain  state 
[DiDADsDiDiDo  =  111111)  is  considered. 

Complete  test  plans  to  study  the  additional  characteristics  of  concern  are  under  develop¬ 
ment. 

Experimental  Results; 

(a)  Coarse  and  fine  gm  adjustment  range 


Fig.  5.11-5  shows  the  gm  versus  Vtau  curves  for  each  of  the  11  states  of  interest.  It 
can  be  seen  that  the  curves  are  not  exactly  equally  spaced;  some  variation  is  to  be 
expected  from  transistor  mismatches  and  process  variations. 

Recall  from  Section  2.1.2.2  the  estimate  that,  while  maintaining  a  resolution  of  bet¬ 
ter  than  1%  in  gm,  a  fine  gm  adjustment  by  a  factor  of  approximately  1.8  is  allowed 
with  the  DAC  of  DCASP-2.  It  follows  that  the  coarse  gm  adjustment  provided  by 
the  differently-sized  OTA  output  stages  must  always  be  by  a  factor  less  than  1.8,  in 
order  that  there  are  no  undesirable  gaps  in  the  attainable  values  of  gm-  Looking  at 
Fig.  5.11-5,  and  in  particular  for  VtaU  =  -3.7V,  it  appears  the  coarse  gm  values  do 
vary  by  a  factor  less  than  1.8;  i.e.,  the  curves  appear  to  be  separated  by  less  than 
logio(1.3)  =  .255.  The  design  goal  of  maintaining  a  gm  resolution  better  than  1%  ap¬ 
pears  to  have  been  achieved  (assuming,  of  course,  that  the  fine  adjustment  provided 
by  the  DAC  does  indeed  permit  a  gm  adjustment  by  a  factor  greater  than  1.8). 

Note  that  measurements  for  VtaU  ^  -3.9  are  not  included  in  Fig.  5.11-5.  The  out¬ 
put  signals  for  such  values  of  Vtau  are  excessively  distorted  due  to  this  gate  voltage 
approaching  the  negative  supply  rail. 

(b)  Effect  of  Vhias 

Fig.  5.11-6  shows  the  gm  versus  Vtaii  curve  for  three  different  bias  voltages  Vhia».  All 
six  output  stipes  are  enabled  for  these  cases. 

The  curves  suggest  that  the  fine  gm  adjustment  by  a  factor  of  1.8  can  be  achieved 


with  any  of  the  three  values  of  Vw*#.  However,  in  the  range  of  interest  (-3.9  ^ 
Vtaii  ^  -3.4),  the  curves  are  clearly  more  linear  for  =  -2.0V  and  -2.5V  than 
for  Vi,iat  =  -3.0V.  Recall  that  the  design  of  the  DAC  was  based  upon  a  linear 
relationship  between  Qm  and  Vi^n,  for  this  reason  a  Vna,  of  -2.0V  or  -2.5V  is  favored. 
However,  dynamic  range  considerations  favor  the  more  negative  value  of  In  any 
case,  the  value  V&,a«  =  -2.5V  appears  to  be  acceptable. 

Further  tests  of  this  6-output  stage  OTA  are  pending. 


5.11-5 


Fig.  6.11-1:  Circuit  schematic  of  6-output  stage  OTA. 
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Fig.  6.H--S:  Pinouts  for  the  6-output  stage  OTA  test  cell. 


5.11-7 


tjm) 


5.11-10 


ce  Sizing  for  6-output  stage  OTA  Fig.  5.11-1. 


DEVICE 

SIZE 

(microns) 

wm 

a 

M1-M2 

8 

5 

M3-M4 

16 

5 

MS-M6 

8 

5 

M7 

7 

5 

M8-M9 

3 

M10-M15 

80 

3 

M16-M17 

60 

3 

M18<M21 

120 

3 

M22-M23 

60 

3 

M24-M25 

120 

3 

M26-M27 

60 

3 

M28-M31 

5 

11 

M32-M33 

7 

3 

M34-M37 

6 

9 

M38-M39 

7 

3 

M40-M43 

15 

9 

M44-M45 

7 

3 

M46-M49 

21 

6 

M50-M51 

Hi 

3 

M52-M55 

3 

M56.M57 

ul 

3 

M58-M61 

l!l 

3 

M62-M63 

wM 

3 
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Table  5.11-3:  Theoretical  gain  of  6-output  stage  OTA  as  a  function  of  coarse  control 
digital  input,  assuming  gain  of  first  stage  is  (1.618)~^'^. 


As 

Aa 

As 

As 

Ai 

Ao 

Gain 

H 

0 

n 

m 

0 

(1.618)-*°  =  .00813 

0 

0 

0 

0 

1 

0 

(1.618)-°  =  .01316 

0 

0 

0 

0 

1 

1 

(1.618)-®  =  .0213 

0 

0 

0 

1 

0 

(1.618)-^  =  .0344 

0 

0 

1 

1 

1 

(1.618)-«  =  .0557 

0 

0 

n 

il 

wm 

(1.618)-®  =  .0902 

0 

n 

n 

1 

n 

(1.618)-“  =  .1459 

0 

n 

0 

0 

(1.618)-®  =  .236 

EH 

1 

1 

1 

n 

(1.618)-®  =  .382 

1 

0 

0 

(1.618)-*  =  .618 

1 

n 

MM 

1 

ll_ 

!■ 

(1.618)°  =  1.000 
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6-Bit  Logarithmic  DAC  With  Switching  Tree 


MOSIS  ID: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


23528 

M72LJH-1 

CBPE-MOSIS  Zn  CMOS  Double-Poly  p-Well 
March-April  1987 
2300/i  X  3400/i 

14 

28  Pin  Package 
Tested 


Purpose: 

This  test  chip  is  used  to  characterize  the  monotonicity  as  well  as  logarithmic-increment 
feature  of  the  Digital-to-AnalogConverter  (DAC)  circuit  using  the  switching  tree  decoding. 
This  building  block  has  been  designed  and  fabricated  into  the  DCASP-2  chip  (refer  to  Sec. 
5.10)  to  provide  the  OTA  gm  fine-control  voltages  in  biquads. 


Description: 

The  test  chip,  also  referred  to  as  Log  DAC,  has  a'  nost  the  same  structure  as  previous 
Small  D.4.C  test  chips.  A  block  diagram  of  the  Log  DAC  appears  in  Fig.  5.12-1  along  with 
a  circuit  diagram  in  Fig.  5.12-2.  Device  sizes  and  geometries  are  summarized  in  Table 
5.12-3.  A  pin  diagram  appears  in  Fig.  5.12-3  and  a  die  photograph  in  Fig.  5.12-4.  The 
only  difference  is  that  the  incremental  voltages  changes  are  equally  spaced  on  a  logarithmic 
scale.  The  reasons  for  employing  this  scheme  are  fully  discussed  in  Sec.  2.1(DAC  and  Fine 
Qm  Adjustments)  and  will  not  be  repeated  in  this  section.  The  resistive  poly  string  is 
therefore  spaced  logarithmically  instead  of  linearly.  In  Table  5.12-1,  the  resistor  values 
and  the  incremental  rates  are  listed.  It  is  expected  that  each  incremental  rate  will  be 
maintained  at  a  value  around  1.01. 

Test  Plans:  (See  Test  Plans,  S'.  5.9) 

Experimental  Results: 

The  performance  of  the  Log  DAC  can  be  characterized  by  the  results  shown  in  TABLE 
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DAC3.1.  The  average  value  of  incremental  ratios  ■  can  be  easily  calculated  by 


Rn-x 


average 


= 

Ri  J 

2.01% 

1.17%; 


ResIR 

Ri/R 


=  1.00866174 


(5.12-1) 
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N 


X 


1 

2 

3 

4 

5 

6 

7 

8 

9 

10 
11 
12 

13 

14 

15 

16 

17 

18 

19 

20 
21 
22 

23 

24 

25 

26 

27 

28 

29 

30 


(Mm) 


7 

7 
6 
5 

8 

7 

8 
8 
8 
7 

7 

8 
8 
8 
8 
8 
8 

7 

8 
8 

10 

10 

9 

9 

10 
10 
9 
9 


Y 

(/xm) 

z 

inm) 

#  Squares 

Rn 

(H) 

Rs 

Rtf  -l 

4 

9 

5.794 

231.8 

- 

4 

8 

5.850 

234.0 

1.010 

4 

4 

5.900 

236.0 

1.009 

5 

4 

5.950 

238.0 

1.008 

4 

19 

6.010 

240.4 

1.010 

B 

14 

6.057 

242.3 

1.008 

H 

13 

6.108 

244.3 

1.008 

11 

6.164 

246.6 

1.009 

6.200 

248.0 

1.006 

9 

6.255 

250.2 

1.009 

8 

6.325 

253.0 

1.011 

4 

6.371 

254.8 

1.007 

5 

6.438 

257.5 

1.011 

5 

6.494 

259.8 

1.009 

5 

6.557 

262.3 

1.010 

4 

6.600 

264.0 

1.007 

5 

11 

6.655 

266.2 

1.008 

mU 

6.700 

268.0 

1.007 

Wm 

6.755 

270.2 

1.008 

8 

6.825 

273.0 

1.010 

20 

6.900 

276.0 

1.011 

■■ 

16 

6.950 

278.0 

1.007 

5 

16 

7.012 

280.5 

1.009 

5 

13 

7.085 

283.4 

1.010 

4 

9 

7.144 

285.8 

1.008 

4 

8 

7.200 

288.0 

1.008 

mm 

9 

7.255 

290.2 

1.008 

8 

7.325 

293.0 

1.010 

4 

17 

7.385 

295.4 

1.008 

5 

20 

7.450 

298.0 

1.009 

11 

10 


,  con’t. 


N 

X 

(/im) 

Y 

(um) 

Z 

(/im) 

#  Squares 

Rs 

(n) 

Rn 

■Rjv  - 1 

"31" 

11 

7.514 

300.6 

1.009 

32 

B  1^1 

13 

7.585 

303.4 

1.009 

33 

8 

7.650 

306.0 

34 

B  H 

7 

7.721 

308.8 

BIBBI 

35 

B"^l 

9 

7.755 

310.2 

1.004 

36 

16 

7.850 

314.0 

1.012 

37 

B~^l 

0 

7 

7.914 

316.6 

1.008 

38 

11 

3 

17 

7.994 

319.8 

1.010 

39 

11 

5 

14 

8.057 

322.3 

1.008 

40 

11 

5 

12 

8.117 

324.7 

1.007 

41 

10 

5 

5 

8.200 

328.0 

1.010 

42 

11 

5 

9 

8.255 

330.2 

1.007 

43 

13 

4 

14 

8.336 

333.4 

1.010 

44 

13 

4 

11 

8.414 

336.5 

1.009 

45 

12 

5 

17 

8.494 

339.8 

1.010 

46 

12 

5 

14 

8.557 

342.3 

1.007 

47 

13 

4 

8.621 

344.8 

1.007 

48 

13 

4 

8.716 

348.6 

1.011 

49 

14 

4 

14 

8.786 

351.4 

1.008 

50 

14 

4 

11 

8.864 

354.6 

1.009 

51 

14 

4 

9 

8.944 

357.8 

1.009 

52 

:3 

5 

16 

9.012 

360.5 

1.008 

53 

13 

5 

13 

9.085 

363.4 

1.008 

54 

13 

5 

11 

9.154 

366.2 

1.008 

55 

13 

5 

9 

9.255 

370.2 

1.011 

56 

13 

5 

8 

9.325 

373.0 

1.008 

57 

13 

5 

7 

9.413 

376.5 

1.009 

58 

14 

4 

4 

9.500 

380.0 

1.009 

59 

14 

5 

13 

9.585 

383.4 

1.009 

60 

14 

5 

11 

9.654 

386.2 

1.007 

61 

15 

4 

5 

9.750 

390.0 

1.010 

62 

14 

5 

8 

9.825 

393.0 

1.008 

83 

14 

5 

7 

9.914 

396.6 

1.009 
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Table  5.13-2:  The  DC  output  voltages  and  the  linearity  characterisitics  with  different 
digital  settings. 


Digital 

Settings 

Output 

Voltages 

LSBfrror 

{%) 

Rn 

Rtoial 

i%) 

Rn-l 

0 

-4.945800 

1.084003 

0.000000 

1 

-4.887300 

6.994959 

1.169996 

1.079329 

4* 

A 

-4.828600 

0.529624 

1.174002 

1.003423 

3 

-4.771200 

3.064963 

1.147995 

0.977848 

4 

-4.713300 

0.005135 

1.157999 

1.008714 

5 

-4.654000 

1.528767 

1.186008 

1.024188 

6 

-4.590700 

5.816428 

1.265993 

1.067440 

7 

-4.528100 

1.964485 

1.252003 

0.988949 

8 

-4.465300 

0.552609 

1.255999 

1.003192 

9 

-4.402400 

0.710925 

1.258001 

1.001595 

10 

-4.338500 

0.706895 

1.278000 

1.015897 

11 

-4.274600 

0.868994 

1.278000 

1.000000 

12 

-4.212200 

3.196212 

1.247997 

0.976524 

13 

-4.146900 

3.738266 

1.306000 

1.046476 

14 

-4.078400 

3.988960 

1.370001 

1.049005 

15 

-4.009900 

0.868994 

1.370001 

1.000000 

16 

-3.945000 

.078626 

1.298003 

0.947447 

17 

-3,876500 

4.629601 

1.370001 

1.055468 

18 

-3.810400 

4.342428 

1.321998 

0.964961 

19 

-3.741600 

3.180370 

1.375999 

1.040849 

20 

-3.672500 

0.436491 

1.382003 

1.004363 

21 

-3.603000 

0.295404 

1.389999 

1.005786 

22 

-3.534800 

2.723382 

1.363997 

0.981294 

23 

-3.464900 

1.602259 

1.398001 

1.024929 

24 

-3.391100 

4.661992 

J. 476002 

1.055795 

25 

-3.319100 

3,286904 

1.440001 

0.975609 

26 

-3.246800 

0.456049 

1.445999 

1.004166 

27 

-3.172900 

1.324812 

1.478000 

1.022130 

28 

-3.098800 

0.600670 

1.482'XX) 

1.002707 

29 

-3.024300 

0.334106 

1.489997 

1.005396 

30 

-2,951100 

2,598609 

1.464000 

0.982552 

31 

-2.874700 

3.464671 

1.528001 

1.043717 

32 

-2.795900 

2.244969 

1.575999 

1.031413 
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Table  5.12-3,  con’t 


Digital 

Settings 

Output 

Voltages 

hS  BfTTOT 

(%) 

D 

[%) 

An-l 

33 

-2.7:9100 

3.384828 

1.536002 

0.974621 

34 

-2.641900 

0.352907 

1.543999 

1.005206 

35 

-2.562700 

1.699291 

1.584001 

1.025908 

36 

-2.463200 

24.539461 

1.989999 

1.256312 

37 

-2.383600 

20.695053 

1.592002 

0.800001 

38 

-2.302500 

0.998913 

1.622000 

1.018843 

30 

-2.218900 

2.186898 

1.672001 

1.030827 

40 

-2.129400 

6.126976 

1.789999 

1.070573 

41 

-2.048200 

10.061960 

1.624002 

0.907264 

42 

-1.964300 

2.426908 

1.677997 

1.033248 

43 

-1.870600 

10.710330 

1.874001 

1.116808 

44 

-1.785200 

9.650138 

1.708000 

0.911419 

45 

-1.699400 

0.404608 

1.716001 

1.004685 

46 

-i.610300 

2.943681 

1.782000 

1.038461 

47 

-1.524000 

3.984339 

1.725998 

0.968573 

48 

-1.437000 

0.064789 

1.740000 

1.008113 

49 

-1.347000 

2.549336 

1.800001 

1.034483 

50 

-1.256800 

0.648802 

1.803999 

1.002221 

51 

-1.166500 

0.758939 

1.806002 

1.001110 

52 

-1.076200 

0.869124 

1.805999 

0.999999 

53 

-0.982000 

3.412474 

1.884000 

1.043190 

54 

-0.887700 

0.763808 

1.885999 

1.001061 

55 

-0.793200 

0.658716 

1.890000 

1.002121 

56 

-0.698400 

0.554298 

1.896000 

1.003175 

57 

-0.603500 

0.764411 

1.898000 

1.001055 

58 

-0.509600 

1.913564 

1.878000 

0.989463 

59 

-0.410000 

5.148500 

1.992000 

1.060702 

60 

-0.310600 

1.068057 

1.988000 

0.997992 

61 

-0.213700 

3.362198 

1.938000 

0.974849 

62 

-0.113800 

2.200063 

1.998000 

1.030960 

63 

-0.013300 

0.273613 

2.010000 

1.006006 

Final  dR/R=0.266000 
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6-loii;  Latches 


Vref- 


Fig.  5.12-1;  The  block  diagram  of  the  small  log  DAC. 
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•  Fig.  5.12-3:  Logarithmic  DAC  pins  assignment. 
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Fig.  5.12-4:  The  die  photograph  of  the  small  log  DAC  test  chip. 
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The  above  value  is  very  close  to  the  ideal  incremental  ratio=1.01.  However,  it  can  also 
be  observed  that  the  avera^-r  LSB  error  is  somewhat  larger  thrin  the  small  linear  DAC’s. 
Note  that  the  LSB  error  shown  in  TABLE  DAC3.1  is  defined  differently  from  the  linear 
DAC’s  by  the  following: 


average 


average 


X  100% 


(5.12  -  2) 


where  ■  has  been  defined  previously.  The  measured  error  is  plotted  in  Fig. 

5.12-5.  ‘ 


It  can  be  observed  that  the  errors  are  unusually  large  at  digita.'  inputs  36  and  37. 
These  unusual  points  are  expected  to  be  fixed  in  the  next  fabrication.  Moreover,  the  offset 
voltage  in  the  Small  DAC,  described  in  Section  5.9,  was  not  found  in  the  Logarithmic 
DAC,  although  their  layout  designs  are  essentially  the  same. 


Fig.  5.12-5:  r'AC  performance  analysis  of  the  small  log  DAC. 


5.13  Performance  Detector  based  upon  S/H-3 


Name: 

MOSIS  ID: 

Fab,  ID: 

Technology: 

Fabricated: 

Chip  Sire: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


S/H-2 

23496 

M76LLA-1 

CBPE  —  MOSIS  Zfjim  CMOS  double-poly  p-well  process 

July  -  August  1987 

7900/im  X  9200/im  (72.68mm^) 

2Z5(im  X  1940fim  (.45mm^) 

11 

64  pin  package 
Currently  being  tested. 


Name: 

MOSIS  ID: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


DCASP-2 

23528 

M72LJH-1 

CBPE  —  MOSIS  3/tm  CMOS  double-poly  p-well  process 

July  -  August  1987 

2300/im  X  ZiOOfim  {7.82mm^) 

235//m  X  1940/im  (.45mm*) 

11 

28  pin  package 
Currently  being  tested. 


Purpose: 

This  Performance  Detector  is  a  pair  of  Sample/Hold-2  cells  as  discussed  in  Sec¬ 
tion  2.2.2.3c,  controlled  by  a  common  sampling  control  logic  and  external  trigger  to  simul¬ 
taneously  sample  the  excitation  and  response  signals.  The  purpose  of  this  test  chip  is  to 
dynamically  characterize  the  performance  and  performance  limitations  of  the  S/H-2  based 
Performance  Detector  architecture  and  its  associated  physical  design  and  to  accurately 
sample  high-frequency  large-amplitude  signals  in  the  presence  of  circuit  non-idealities 
such  as  switch  feed-through,  voltage  dependent  switch  “on”  resistance,  statistical  process 
variations,  etc.. 

The  focus  of  this  test  vehicle  is  to  characterize  the  analog  performance  of  an  individual 
S/H-2  cell,  and  the  matching  characteristics  between  two  adjacent  S/H'-2  cells.  This  test 
structure  does  not  provide  for  multiple  samples  of  the  excitation  and  response  signals  nor 
does  it  provide  the  complex  control  and  interface  logic  necessary  to  multiplex  an  external 
A/D.  Only  the  minimum  necessary  control  logic  has  been  provided  on-chip  so  as  to  not 
preclude  the  characterization  of  the  analog  portion  of  this  architecture. 

Description: 


This  test-cell  was  included  on  two  different  IC’s  ;i)  the  S/H  test  chip  (MOSIS  ID: 


23496)  and  (2)  DC  ASP-2  chip  (MOSIS  ID:  23528).  Pin-cuts  and  a  die  photograph  of  the 
S/H  test  cell  are  shown  in  Figs.  5.13-1  and  5.13-2,  respectively.  This  structure  requires 
four  bias  voltages  and  two  bias  currents  as  follows: 


(1)  Vc^  =  +5V 
(3)  Vss  =  ~5V 
(5)  hiasfResp  =  100 fi A 


(2)  Bulk  =  +5V 

(A)  Gnd  =  0V 

(8)  Ibia»/Exe  =  100  fi  A 


The  two  analog  inputs,  Vi/Exe  and  Vi/Re»p  are  simultaneously  sampled  on  the  rising 
edge  of  the  ±5V  digital  signal  SampieBar,  with  the  resultant  sampled  and  held  output 
voltages  brought  external  via  the  analog  outputs,  vdExc  and  v„iRt$p.  This  is  illustrated 
in  the  block  diagram  shown  in  Fig.  5.13-3. 

In  this  figure,  it  is  easy  to  see  how  the  excitation  signal,  vjExc  and  the  response  signal, 
v,/Re»p  are  sampled  at  the  same  instances,  via  the  common  or  shared  control  logic,  which 
is  shown  in  its  entirety  in  Fig.  5.13-4  with  its  associated  devices  sizes  listed  in  Table  5.13- 
1.  The  circuit  schematic,  timing  diagram  and  equivalent  circuits  for  the  S/H-2  cell  are 
provided  in  Fig.  5,13-5,  and  its  device  sizes  contained  in  Table  5.13-2.  A  more  detailed 
discussion  of  the  functionality  of  this  design  is  provided  in  Section  2.2.2.3c. 

The  poly  resistors  R,,t  of  value  2.5kQ  was  added  to  this  test  vehicle  to  limit  the  ex¬ 
ternal  capacitive  load  seen  by  the  load  sensitive  output  node  of  the  S/H.  If  this  capacitive 
load  is  too  large,  then  it  drastically  reduces  the  phase  margin  of  the  S/H  Op  Amp  and  may 
cause  oscillation.  The  resistor  Rext  in  series  with  a  typical  load  cpacitance  of  10  -  15pF 
produces  a  pole  at  w  hMHz,  thus  for  frequencies  new  the  bandwidth  of  this  OpAmp 
{30 MHz),  this  RC  load  looks  mu^h  more  resistive  than  capacitive.  Furthermore  this  ad¬ 
ditional  pole  assoicated  with  the  output  signal  slightly  increases  the  settling-time  required 
for  the  output  voltage  to  settle  to  U.1%  of  its  final  sample  and  held  voltage  level,  but  does 
not  at  all  effect  the  accuracy  of  the  voltage  sampling. 

The  purpose  of  the  control  logic  circuitry  is  to  generate  the  Track,  Hold  and  Sample 
signals  which  control  the  analog  switches  of  the  S/H-2  circuit.  The  externally  provided 
trigger,  SampUBar  is  inverted  by  ii,  thus  generating  the  internal  control  line,  Sample.  A 
delay  in  excess  of  lOrjsec  is  added  to  the  Sample  signal  via  the  inverters  h,  la  and  the  IpF 
capacitor.  This  delayed  signal  and  its  compliment  are  logically  equivalent  to  the  control 
signals  Track  and  Hold,  respectively.  The  gates,  I4  through  /»  are  sized  so  that  the  gate 
delay  due  to  /«  and  /«  is  equal  to  that  of  u,  h  and  /•.  Thus  signals.  Track  and  Hold  will 
change  simultaneously. 


Test  Plan: 

(1)  Functional  Test  —  For  this  test,  tie  the  Vi/Exc  and  Vi/Re*p  signals  together  and  connect 
to  a  sinusoidal  function  generator  of  frequency  /«  and  amplitude  Km,  as  shown  in 
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(a)  S/H  test-chip 
Fig.  5.13-1. 


(b)  DCASP-2  chip 
Pin-outs  for  S/H-2  test  vehicles. 


5. 


Fig.  0.13-2.  Die  photograph  of  S/H  test  cell  containing  a  Performance  Detector 
based  up  on  two  phase-correlated  S/H-2  cells  as  shown  in  the  lower 
left  hand  portion  of  the  photograph  and  labeled  “Perf.  Det” . 
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Fig.  5.13-3.  Block  diagram  of  S/H-2  test  circuit. 


Table  5.13-1.  Devices  sizes  for  S/H-2  control  logic  of  Fig.  5.13-4. 


Device 

P-channel 

N-channel 

W 

mm 

W 

■1 

h 

Zfim 

Ifim 

Afim 

h 

Ifitn 

7fim 

Ifim 

ifim 

h 

15  nm 

Zfim 

Ifim 

Afim 

u 

15  nm 

Zfim 

7fim 

Ajim 

h 

ZOfjLm 

Zftm 

14/im 

Afim 

h 

30/im 

Zfim 

14/im 

Afim 

I7 

ZOfim 

Zfim 

14/im 

Afim 

h 

ZOum 

Zfim 

14/im 

Afim 

b 

II 

h 


(o)  Circuit  Schematic 


(b)  Timing  DIogram 


(c)  Track  Mod*  Equi*.  Circuit 


Ch 


(d)  Hold  Mod*  Equl».  Circuit 


Fig.  5.13-5.  S/H-2 


Table  5.13-2.  Device  sizes  and  component  values  for  S/H-2 
circuit  schematic  of  Fig.  5.13-5. 


Component 

n-channel 

p-channel 

Value 

W 

mnm 

W 

mm 

5. 

I2tim 

Zfim 

5, 

9pim 

Znm 

23/im 

Zpm 

9fim 

Zftm 

23ixm 

Zfim 

£l 

£i 

Ck 


5pF 

~^F 

1.5pF 


Vo  /Eixc 


sin<2TT  fot) 


-TLTL 


<5  Vo/Resp 


<e 


Fig.  5.13-6.  S/H-2  functional  test  setup. 


such  that  /,  is  approximately  10-20  times  greater  than  fo.  Now  with  the  system 
in  this  configuration,  perform  the  following  tests. 

Input  a  low-frequency  low-amplitude  sinusoid  (ss  iVp^pQlOkHz),  display  the  input 
signal  and  one  of  the  two  sampled  output  waveforms  {Va/Bze  or  VolRt$p)  on  a  high-frequency 
oscilloscope,  triggered  off  of  the  SampUBar  signal.  Vo  should  resemble  an  amplitude  varying 
square-wave  waveform,  toggling  between  ground  when  SampUSar  is  high  and  the  S/H  is  in 
track-mode,  and  various  amplitudes  as  a  function  of  the  time-sampled  input  signal 
when  SampUBar  is  low  and  the  S/H  is  in  the  hold-mode.  The  amplitude  of  the  square-wave 
during  the  hold-mode  state  should  follow  track  the  input  signal  up  and  down.  Prom  this 
continuous-time  display,  the  following  characteristics  should  be  examined. 

(a)  Check  the  phase  margin  of  the  S/H  OpAmp  by  looking  for  ringing  or  oscillation 
present  in  the  step  response  on  each  of  the  transtitions  between  ground  and  the 
sampled-output  voltage.  In  the  S/H  application,  the  S/H  OpAmp  is  loaded  by 
a  predominantly  capacitive  load,  thus  this  test  setup  gives  us  the  capability  of 
examining  the  “in  use”  S/H  Op.4mp  for  marginal  phase  margins  assoicated  with 
either  a  ringing  effect  in  the  step  response,  or  possibly  ever,  oscillations.  This 
aspect  of  the  S/H  OpAmp  is  difficult  to  measure  with  the  stand-j,  ione  OpAmp 
since  it  is  difficult  to  control  this  load  capacitance,  as  discussed  in  Section  5.15. 

(b)  With  the  SampUBar  superimposed  on  V,,  visually  compare  the  instanteous  value 
of  V,(t)  at  the  instances  the  rising  edge  of  SampUBar  crosses  OV,  with  the  corre¬ 
sponding  sampled  value  Vo.  These  two  values  should  tightly  track  each  other  over 
the  complete  signal  swing.  Check  for  any  obvious  offset  or  gain  errors  between 
these  two  instanteous  values. 

(c)  To  determine  the  range  of  operation,  increase  the  the  input  amplitude,  until  an 
appreciable  distortion  between  the  szunpled  output  Vo  and  the  theoretical  time- 
sampled  input  V,  becomes  apparent.  The  expected  range  of  operation  is  ±2V. 

(d)  Increase  the  input  frequency  and  sample  frequency  until  the  sampled  value  Vo 
quits  tracking  the  input  waveform.  No  severe  limitations  should  be  observable 
for  frequencies  less  than  \MHz.  Above  this  frequency,  the  instrumentation  is  of 
question.  Note  the  sample  frequency  /,  can  not  be  increased  much  above  iMHz, 
because  the  sampled  output  signal  must  be  brought  external  and  the  aissociated 
transients  must  have  simple  time  to  die  out.  This  test  is  very  subjective  but  some 
insight  may  be  gained. 

(e)  Remove  the  input  signal  from  channel-A  of  the  oscilloscope  and  replace  with 
the  other  sampled  output  waveform.  Now  by  subtracting  trace  A  from  trace 
B,  the  two  sample/holds  can  be  compared  for  basic  match  characteristics.  The 
two  signals  should  be  almost  identical.  Look  for  offset  problems  characterized 
by  a  DC  shift  in  the  subtr2w:ted  sampled  values;  gain  problems  characterized 


by  the  subtracted  waveform  still  slightly  tracking  the  orignal  input  waveform; 
and/or  timing-jitter  problems  characterized  by  randomly  varying  spikes  near  the 
sampling  transition. 

(2)  DC  Charaxterization  —  Once  again  tie  the  two  input  signals  v./Exc  and  to¬ 

gether  and  attach  an  accurate  DC  voltage  source,  and  DVOM  to  this  input,  as  shown 
in  Fig.  5.13-7.  Connect  a  pulse  generator  of  frequency  f,  to  the  SampieBar  pin.  Now 
with  this  test  setup,  the  output  waveform  should  be  a  pulse  waveform  jumping  between 
the  DC  reference  and  ground. 

(a)  Vary  the  DC  reference  between  ±5V  and  record  the  associated  sampled  output 
voltage  for  both  of  the  outputs.  These  measurements  should  be  concentrated 
between  -2V  and  -|-2V. 

(b)  Decrease  the  sampling  rate  to  very  low-frequency  and  measure  the  slope  of  the 
sampled  output  voltage,  V^.  The  sampled  output  should  droop  because  of  the 
charge  on  the  S/H  leaking  off  of  the  hold-capacitor. 

(3)  Dynamic  Characterization  —  Once  again  tie  the  two  inputs  together  and  input  a 
triangle  wave  of  amplitude  ±2.5 V.  Connect  one  of  the  outputs  to  an  external  A/D 
with  references  set  at  exactly  ±2V,  and  with  the  digital  output  word  connected  to 
data  collection  hardware  as  shown  in  Fig.  5.13-8.  Also  shown  here  is  the  SampUBar 
pin  driven  by  a  pseudo  random  pulse  generator.  The  basic  idea  of  this  test  structure 
is  that  for  an  ideal  sample/hold  and  test  setup,  the  probability  distribution  function 
of  the  quantized  samples  is  uniformly  distributed  except  at  the  end  points.  Thus  for  a 
series  of  independent  random  samples,  the  histogram  of  number  of  samples  collected 
for  a  specific  digital  word,  should  be  ideally  flat.  Any  deviation  from  this  czin  then 
be  attributed  to  differential  linezu^ity  problems  of  the  S/H  under  test.  This  concept 
is  illustrated  in  Fig.  5.13-9.  For  more  information  on  this  dynamic  characterization 
technique,  see  [5.13-1].  The  exaxt  specifics  of  this  test  setup  will  be  divulged  at  a 
later  date. 

(4)  Application  Specific  Performance  Detector  Testing  —  In  this  test,  the  Performance 
Detector  should  be  used  to  measure  a  known  transfer  function,  via  the  discrete-time 
sampling  algorithm,  discussed  in  Section  2.2. i.l.  The  specifics  of  this  test  setup,  will 
be  discussed  at  a  later  date. 

Experimental  Results: 

This  structure  is  still  being  tested,  but  the  results  so  far  indicate  the  design  is  opera¬ 
tional  as  detailed  below.  A  minor  layout  error  was  also  detected.  This  error  was  that  pin 
9  [hu./Rt$p)  of  the  S/H-2  test  cell  (MOSIS  ID:  23537)  was  not  connected;  and  thus  only 
the  excitation  S/H  is  operational  on  this  test  vehicle.  This  is  not  severe  problem,  since  this 
Performance  Detector  was  repeated  on  the  DC  ASP-2  test  structure  (MOSIS  ID:  23496), 
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Fig.  5.13-7,  S/H-2  DC  characterization  test  setup. 
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Fig,  5.13-9.  Example  dynamic  chacterization  test  results. 


but  requires  a  digital  controller  to  configure  DCASP-2  to  patch  externally  provided  excita> 
tion  and  response  signals  directly  to  the  Performance  Detector.  This  complicates  testing, 
but  should  not  impede  characterization. 

To  date,  only  the  functional  test  (item  (l)  of  the  Test  Plan)  has  been  completed.  In 
the  functional  test  the  following  results  can  be  reported. 

(1)  Based  upon  simulation  results  as  summarized  in  Table  2.2-21  and  the  preliminary  test 
results  presented  in  Section  5.15,  the  high-frequency  S/H  OpAmp  is  borderline  stable 
with  a  predicted  18°  phase  margin.  The  results  seen  thus  far  implies  that  indeed  the 
OpAmp  is  stable,  but  borderline,  as  supported  by  the  following  observations. 

(a)  In  the  track  mode,  there  was  no  observable  oscillation  on  the  output  of  the 
OpAmp. 

(b)  The  step  response  generated  by  the  sharp  transition  to  hold  mode,  exhibited  a 
definite  ringing  effect,  indicating  a  low  phase  margin. 

(c)  The  sample  and  held  outputs  correlated  with  the  original  input  excitation  signal, 
and  thus  indicating  that  the  current  OpAmp  design  did  not  inhibit  the  low- 
frequency  operation  of  the  S/H. 

These  results  will  be  quantified  when  a  low-capacitance  high  input-impedance  active 
probe  is  made  available. 

(2)  The  digital  control  logic  is  operational  since  it  is  obvious  that  the  Sample/Hold 
switches  between  track  mode,  where  the  output  of  the  OpAmp  is  near  zero,  and 
hold  mode,  where  the  output  voltage  is  approximately  the  sample  and  held  voltage  of 
the  input  signal  at  a  given  time  instance. 

(3)  The  analog  portion  of  the  S/H  seems  to  be  operational  based  upon  the  following 
observations. 

(a)  For  a  DC  input  signal  the  amplitude  of  the  sampled  output  signal  closely  approx¬ 
imated  the  amplitude  of  the  input  signal. 

(b)  The  sampled  output  signal  showed  no  appreciable  errors  in  sampling  an  input 
voltage  between  ±2V. 

(c)  Based  upon  visual  inspection  and  for  a  sample  frequency  much  larger  than  the 
input  signal  frequency  the  linear  interpolation  between  sample  points  nearly  ap¬ 
proximated  the  input  signal. 

These  preliminary  results  shown  here,  by  no  means  accurately  characterize  the  Per- 
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S.14  Single  S/H-3  test  cell 


Name: 

MOSIS  ID: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


S/H-3 

23537 

M76LJG-3 

CBPE  —  MOSIS  3/im  CMOS  double-poly  p-well  process 

July  -  August  1987 

2300^m  X  3400/xm  (7.82mm*) 

1825^m  X  290/im  (0.53mm*) 

14 

28  pin  package 
Currently  being  tested. 


Purpose: 

This  test  cell  contains  a  single  Sample/Hold-3  cell  as  discussed  in  Section  2.2.2.3d.  The 
purpose  of  this  test  chip  is  to  dynamically  characterize  the  performzmce  amd  performance 
limitations  of  the  S /H-3  architecture  and  its  associated  physical  design  and  to  accurately 
sample  high-frequency  large-amplitude  signals  in  the  presences  of  circuit  non-idealities. 
The  performance  of  this  archeticture  will  be  compared  to  that  of  test  cell  S/H-2,  as 
discussed  in  Section  5.13. 


Description: 


The  pin-outs  and  die  photograph  for  this  test  cell  au’e  shown  in  Figs.  5.14-la  and 
5.14-lb.  This  structure  requires  four  bias  voltages  and  two  bias  currents  as  follows: 


(1)  Kod  =  +57 
(3)  Vss  =  -5V 
(5)  /6.a- -  1  =  IOOmA 


(2)  Bulk  =  +5V 

(4)  Gnd  =  0V 

(6)  /fcia.  -  2  =  IOOmA 


The  analog  input  signal,  v,  is  sampled  on  the  rising  edge  of  the  trigger  signal,  SampUBar 
with  its  corresponding  sample  and  held  output  signal  then  provided  on  Vo  pin.  The  Cai  is 
the  calibration  signal,  as  described  in  Section  2.2.2.3d,  and  should  be  pulsed  prior  to  each 
sampling,  with  a  pulse  width  of  1-lOfisec.  The  block  diagram  for  this  test-circuit  is  shown 
in  Fig.  5.14-2. 

The  control  logic  for  this  test  cell  is  shown  in  Fig.  5.14-3  with  its  associated  devices 
sizes  listed  in  Table  5.14-1.  The  contents  of  the  single  sample  and  hold  block  are  discussed 
in  Section  2.2.2.3d  and  the  associated  circuit  schematic,  timing  diagram  and  equivalent 
circuits  appears  in  Fig.  5.14-4. 

The  purpose  of  the  control  logic  circuitry  is  to  generate  the  Track,  Hold  and  Sample 
signals  which  control  the  analog  switches  of  the  S/H~3  circuit,  as  shown  in  the  timing 
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Fig.  5.14-la.  Pin-outs  for  S/H-3  test  vehicles. 


Fig,  .5.14-lb. 


Die  photograph  of  S/H  test  cell  containing  a  single  S/H~3  cell  as 
shown  in  the  right-hand  portion  of  the  photograph. 


5.14-3 


5.14-4 


Table  5  14-1.  Devices  sizes  for  S/H-3  control  logic  of  Fig.  5.14 


Device 


P-channel  N-channel 


ISfim  Zfim 


15fim  3/*m 


Ifim  7fim 


15  nm  Z^im 


45/im  Zttm 


ZOfim  Zfjim 


ZOfim  Zfim 


ASfim  Zfim 


Ifim  ifim 


ISfim  Zfim 


Ifim  Afim 


7fim  Afim 


Ifim  Afim 


lAfim  Afim 


lAfim  Afim 


lAfim  Afim 


\Afim  Afim 


(a)  Circuit  Schcaotic 


Soap  I  ad 


(b)  Ttalng  Otogroa 
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T' 


|»M 

Wm 

(e)  Cailbrata  Mod*  Equiv.  Circuit 


ro(») 


Ch 


(•}  Hold  Mod*  Equiv.  Circuit 


Fig.  5,14-4.  S/H-3 


diagram  of  Fig.  5.14-4,  such  that 


Sample  SampleBar  +  Cal 

Track  **=  Traekoid  •  Cal  =  Sample  •  Cal  (5.14  -  1) 

Hold  Holdotd  •  ^  =  Sample  •  Cd 


Test  Plan: 

This  circuit  will  undergo  functionality  tests,  DC  characterization  and  dynamic  char¬ 
acterization,  much  like  that  described  in  Section  5.13,  of  this  report. 

Experimental  Results: 

Because  of  a  layout  error,  this  chip  is  currently  non-functional.  Pin  26  {hiat-l)  of  the 
S/H-3  test  ceil  (MOSIS  ID:  23537)  was  not  connected;  and  thus  only  by  probing  the  chip 
and  externally  providing  this  bias  current  can  this  cell  be  tested.  There  is  7S%  probability 
of  being  able  to  successfully  probe  this  chip.  This  archeticture  has  been  resubmitted  for 
fabrication  as  described  in  Section  5.18. 

After  this  circuit  was  resubmitted  for  fabrication,  a  second  design  or  layout  error  was 
discovered,  in  which  the  internal  signal  SampU  was  unintentionally  inverted.  This  error 
implies  that  the  track  and  hold  analog  switches  will  be  out  of  phase  with  the  sampling 
analog  switch,  resulting  in  this  circuit  being  non-operational.  Laser-repair,  probing  and 
other  repair  techniques  would  be  of  no  avail.  A  third  submission  will  be  made  when  silicon 
resources  are  available. 


5.15  High-Frequency  S/H  OpAmp 


Name: 

MOSIS  ID: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


S/H  OpAmp 

23537 

M76LJG-3 

CBPE  —  MOSIS  3/im  CMOS  double-poly  p-well  process 

July  -  August  1987 

2300^m  X  3400/im  (7.82mm^) 

515/im  X  235/im  (0.12mm^) 

7 

28  pin  package 
Currently  being  tested. 


Purpose: 

This  test  cell  is  the  S/H  high-frequency  OpAmp  as  documented  in  Fig.  5.15-1  and 
Table  5.15-1,  and  described  in  Section  2.2.2.3e.  The  overall  limitations  of  the  Performance 
Detector  archeticture  depends  on  the  performance  of  this  challenging  OpAmp  design,  which 
will  be  characterized  by  this  test  vehicle. 

The  primary  characteristics  of  interest  are  bandwidth,  pha-se  margin  and  open  loop 
gain,  which  are  critical  to  the  high-frequency  operation  of  the  sample  and  holds.  Also 
the  slew  rate,  dynamic  range,  offset  voltage,  settling  time,  and  percent  overshoot  will  be 
estimated  from  experimental  results. 

Description: 

This  test  vehicle  with  pin-outs  and  die  photograph  shown  in  Figs.  5.15-2a  and  5.15-2b 
requires  three  bias  voltages,  V^z?  =  V55  =  -5V,  Bulk  =  +5^  and  one  bias  current, 

hiaa  =  100/iA.  The  differential  inputs  are  V'*’  and  V~,  and  the  corresponding  output  is 
Vg.  Vg  is  typically  loaded  by  an  external  load  capacitor  and  any  parasitic  capaciatance 
associated  with  the  packaging  and/  or  test  configuration.  The  parasitics  typically  dominate 
the  loading  with  typical  parasitic  capacitative  loads  anywhere  in  the  range  of  1  —  20pF, 
depending  on  the  specific  test  setup.  The  phase  margin  and  the  OpAmp  stability  depend 
on  the  capacitative  loading  seen  by  the  output  stage.  The  OpAmp  was  designed  to  be 
unity  gain  stable  with  a  total  capacitance  load  of  5  -  6pF.  In  this  OpAmp  design,  the 
parcisitic  poles  and  zeros  are  in  close  approximity  to  each  other  thus  making  the  phase 
margin  quite  sensitive  to  small  changes  in  either  the  parasitic  pole  or  zero  locations. 

Test  Plan: 

(1)  Functional  Test  —  The  purpose  of  this  test  is  to  determine  if  the  OpAmp  is  oper¬ 
ational,  to  determine  if  the  structure  is  unity  gain  stable  and  to  make  preliminary 
measurements  of  the  3dB  bandwidth,  open-loop  gain  and  offset  voltage. 


Table  5.15-1. 


DEVICE 


S/H  OpAmp  devicett  sizes  for  Fig.  5.15-1. 


SIZE 

DEVICE 

SIZE 

W 

BH 

W 

D 

174/i 

Ql 

j  )  A/54 

7  in 

3m 

ZOOfi 

A/53 

3m 

Mhi ,  Mfr, 

15  n 

3m 

25m 

Mo. 

498m 

3m 

5.15-3 


S/H-OpAmp 


Fig.  5.15-2a.  S/H  high-frequency  OpAmp  pin-outs. 


Fig.  5.15-2b.  Die  photograph  of  S/H  test  cell  containing  a  single  S/H  OpAmp  as 
shown  in  the  upper  left-hand  portion  of  the  photograph. 


(a)  Open-Loop  Test  —  Configure  the  Op  Amp  as  shown  in  Fig.  5.15-3,  with  an 
effective  load  capacitance  near  SpF.  Input  a  low  frequency  sinusoid,  and  adjust 
the  DC  voltage  source,  Vo//,et>  to  cancel  any  noticable  DC  offset  voltages  present 
on  the  output  of  the  OpAmp.  This  DC  value  corresponds  to  the  DC  offset  voltage 
of  the  OpAmp.  Measiire  the  open-loop  gain  and  slowly  increase  the  excitation 
frequency  until  the  output  amplitude  drops  ZdB.  Record  this  frequency  as  the 
open-loop  ZdB  bandwidth  for  the  input. 

Switch  the  input  signal  and  the  offset  voltage  cancellation  source,  and  repeat  the 
open- loop  test  above  for  the  V~  input. 

(b)  Close-Loop  Test  —  Configure  the  OpAmp  in  the  unity  gain  mode  with  the  test 
configuration  shown  in  Fig.  5.15-4.  Ground  the  input  signal,  V,-,  and  check  for 
possible  oscillation  present  on  the  output  signal,  V^-  This  tests  for  unity-gain 
stability.  If  no  oscillation  is  present,  the  step-response  will  serve  as  a  quick  check 
for  phase  margin.  Marginal  phase  margin  will  be  characterized  by  se  /ere  ringing 
in  the  output  at  each  step  excitation. 

(2)  Parasitic  Load  Capacitance  Measurement  —  This  OpAmp  has  been  designed  so  that 
the  slew  rate  is  essentially  determined  by  the  total  load  capacitance,  Ci,  where  Ct 
includes  parasitic  device  and  instrumentation  capacitances  as  well  as  any  external  load 
capacitance.  The  slew  rate  is  related  to  Ct  by  the  expression 

(5.15  -  1) 


where  is  a  constant  chztf acteristic  of  the  OpAmp.  Our  goal  in  this  measurement  is  to 
determine  Ci,  the  parasitic  and  instrumentation  load  capacitance.  To  determine  C^, 
configure  the  OpAmp  in  the  open-loop  configuration  shown  in  Fig.  5,15-3.  Apply  a 
square  wave  to  the  plus  terminal  of  the  OpAmp  and  measure  the  slew-rate  SR20  with 
a  load  capaitance  of  Cl  +  20pF  (e.g.,  a  20pF  capacitor  is  added  to  the  output)  on  the 
output.  Repeat  the  slew  rate  measurements  with  a  load  capacitance  of  Cl  +  50pF  to 
yield  SRsq. 


From  (5.15-1),  it  follows  that 


SR20  = 


SRso  = 


Cl  +  20pF 
k 


(5.15  -  2) 


Cl  +  50pF’ 

The  simultaneous  solution  of  these  two  equations  with  two  unknowns  (A;  and  Cl)  yields 
the  parasitic  load  and  instrumentation  capacitance 

505  jRso  *"  205 R2Q 


Cl  = 


pF 


(5.15  -  3) 


SR20  ~  SRio 


Fig.  5.15-3.  Open-Loop  test  configuration  for  the  S/H  OpAmp. 


Fig.  &.15-4.  Close-Loop  test  configuration  for  the  S/H  OpAmp. 


The  load  capacitance  dominance  of  the  SR  as  expressed  in  (5.15-1)  can  be  verified 
by  adding  a  different  load  capacitance  and  verifying  (5.15-1)  remains  valid  with  the 
values  for  k  and  Ci  determined  from  solving  the  equations  in  (5.15-2). 

(3)  Frequency  Response  —  With  the  total  effective  load  capacitance  set  at  near  the  design 
value  of  6pjP,  the  open-loop  frequency  response  for  the  OpAmp  can  be  measured  via 
the  test  configuration  shown  in  Fig.  5.15-3.  In  this  configuration  we  wish  to  measure 
the  following  items; 

(a)  gain/phase  BODE  plot  for  both  and  V~  inputs, 

(b)  DC  open-loop  gain  for  both  input  signals,  (V"^  and  V~), 

(c)  open-loop  ZdB  bandwidth  for  both  and  V~  inputs, 

(d)  gain  and  phase  margin 

(e)  DC  input  offset-voltage. 

(4)  Step  Response  —  Configure  the  OpAmp  in  the  closed  loop  test  configuration,  shown 
in  Fig.  5.15-3.  Note  that  in  this  configuration,  the  load  capacitance  has  been  slightly 
increased  with  the  addition  of  the  input  and  parasitic  capacitance  associated  with  the 
V~  input  terminal.  This  additional  capacitance  should  be  minimized  if  possible.  In 
this  test  setup,  we  wish  to  place  a  square  wave  function  generator  on  the  input  V,-  and 
measure  the  following  characteristics; 

(a)  slew  rate  —  the  slope  of  the  output  waveform  at  or  near  the  zero  crossing  for 
both  rising  and  falling  transistions, 

(b)  the  time  required  to  settle  within  1%  of  the  final  value,  and 

(c)  the  percent  overshoot  of  the  output  waveform  relative  to  its  final  value. 

(5)  Noise  Measurements  —  Ground  both  inputs  and  measure  the  rms  noise  voltage  present 
on  the  output  node,  V^,  as  a  function  of  frequency,  via  the  HP  Spectrum  Analyizer. 
Project  (reference)  these  measurements  back  to  the  input  by  dividing  by  the  average 
of  the  DC  open-loop  gain  for  V'^  and  that  for  V“  of  the  OpAmp,  as  measured  in 
item  (3b)  above.  Extract  from  this  data  the  following  cheu-acterisitcs: 

(a)  j  corner  frequency,  and 

(b)  the  thermal  or  white  rms  voltage  noise  floor. 

(6)  Power  Supply  Rejection  Ratio  —  Place  the  amplifier  in  the  closed-loop  configuration 

shown  in  Fig.  5.15-3.  Ground  V,  and  inject  an  input  signal  generated  by  a  Spectrum 
Analyzer  connected  in  series  with  VdD'  Record  the  frequency  response  of  Vo  on  the 
Spectrum  Analyzer,  which  corresponds  to  Repeat  the  above  measurement  for 

Vss- 


The  following  standard  characterization  parameters  can  be  readily  determined  from 
these  measurements. 


(a)  the  DC  PSRR  for  both  power  supplies,  and 

(b)  the  corner  frequnecy  at  which  the  PSRR  starts  to  roll  off. 

Experimental  Results: 

This  test  structure  is  still  being  tested,  but  the  preliminary  results  thiis  far  indicate 
the  design  is  functional.  The  functional  test  has  been  completed  with  the  following  results. 

(1)  With  a  large-capacitive  load,  the  open-loop  amplifier  had  a  DC  open-loop  gain  of 
approximately  50,  as  expected.  The  amplifier  gain  started  rolling  off  around  20Mnz. 
This  was  a  slightly  lower  frequency  than  expected  because  the  pole  location  due  to 
the  Qm  of  the  output  stage  and  the  load  capacitance  was  decreased  by  the  additional 
capacitative  loading  placed  on  the  output.  The  load  capacitance  consisted  primarily  of 
the  parasitic  packaging  capacitance  (»  Ipi^’)  and  the  probe  capacitance  («  10—  15pF). 
The  proto  board  capacitance  («  4  — 5pF)  was  minimized  by  bending  the  output  pin  up 
away  from  the  proto  board,  and  soldering  it  to  a  test  lead.  The  total  load  capacitance 
was  thus  in  the  5  —  6pF  range. 

(2)  The  closed-loop  unity  gain  configuration  oscillated  at  approximately  20  —  22MHz. 
This  oscillation  was  expected  because  of  the  large  load  capacitance  associated  with  in¬ 
strumentation  parasitics.  Since  the  unity  gain  configuration  places  the  most  stringent 
requirements  on  phase  margin,  the  phase  margin  at  higher  gains  will  be  investigated. 

(3)  Since  the  stability  of  this  amplifier  is  in  question,  in  particular  when  it  is  applied  to 
the  S/H  application  and  has  the  intended  load  capacitance,  the  S/H-2  design  was 
tested  where  results  showed  some  ringing,  but  no  oscillation.  For  more  information 
on  this  test,  see  Section  5.13. 

(4)  The  input  offset  voltage  was  measured  around  10  -  ISmV. 

Additional  detailed  characterization  of  this  Operational  Amplifier  will  be  undertaken 
in  the  future. 


5.15-10 


5.16  Performance  Detector  -  Subcomponent  Linearitie* 


Name: 

MOSIS  ID: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Site: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


Test-Devices 

23625 

M770BH-4 

CBPM  —  MOSIS  3/im  CMOS  double-metal  p-well  process 

July  -  August  1987 

1230/im  X  1650/im  (2.03mm^) 

SOOfim  X  llOO/xm  (0.66mm*) 

17 

28  pin  package 
Fabricated  awaiting  testing. 


Purpose: 

This  test  chip  will  be  used  to  characterize  both  the  nonlinearities  in  the  on-resistanee 
of  n-channel  and  p-channel  MOSFETs  used  for  switching  as  a  function  of  the  channel 
width,  and  the  nonlinearities  associated  with  the  parasitic  -diffusion  and  p"*" -diffusion 
capacitors.  The  underlying  motivation  is  to  track  system  level  nonlinearities  associated 
with  the  biquad  and  sample/hold  circuits  back  to  process  dependent  parasitic  nonlinear¬ 
ities  and  thus  predict  the  overall  performance  limitations  of  the  various  architectures  as 
a  function  of  their  nonlinear  distortion.  For  example,  the  single  OpAmp  sample/hold 
circuit’s  sampling  error  is  very  sensitive  to  nonlinearities  induced  by  the  analog  switches 
through  both  the  nonlinearities  of  the  on-nsistance  and  parasitic  diffusion  capacitors  asso¬ 
ciated  with  the  switches.  For  more  information  on  performance  limitations  due  to  intrinsic 
nonlinearities,  see  the  biquad  and  sample/hold  design  discussions. 

Also  contained  on  this  chip  is  a  p'^/n'^  and  a  p'/n"^  lateral  diode,  with  the  intentions 
of  characterizing  the  DC  and  high  frequency  performance  of  these  devices.  The  MOSIS 
process  specifications  [30]  do  not  describe  nor  provide  the  appropriate  simulation  infor¬ 
mation  for  these  devices,  thus  the  data  collected  from  these  test  devices  will  be  used  in 
designing  future  generations  of  performance  detectors  such  as  peak  detectors  and  the  more 
classical  sample/hold  structures. 

Description: 

The  pin-outs,  die  photograph  and  basic  floor-plan  for  this  test  chip  is  shown  in 
Fig.  5.16-la,  -lb  and  5.16-2  respectively.  The  main  test  cell  can  be  divide  into  three 
independent  test  blocks,  MOSFET,  diffusion  capacitor  and  diode  test  cells.  Complete 
circuit  schematics  for  these  three  test  cells  are  shown  in  Fig.  5.16-3. 

The  MOSFET  test  cell  consists  of  three  n-channel  and  three  p-channel  MOSFETs 
configured  to  allow  for  individual  testing  of  each  device.  The  channel  widths  of  ail  six 
devices  were  set  at  lOOG^m  each,  so  that  the  packaging  and  external  load  capacitance 
would  not  greatly  hinder  high  frequency  characterization  of  these  devices.  The  channel 
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Test-Devices 


Bulk 

p-plus-diode 

n-diodes 


p-iwinus-diode 
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pS6-p0l2 

pS3-p06 


nSl2-p05 
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Fig.  5,16-la.  Pin-out  for  the  nonlinear  devices  test  cell. 


Fig.  5.16-lb.  Die  photograph  of  nonlinear  test  devices. 


5.16-2 


Fig.  5.16-2.  Floor-pl&n  for  the  nonlinear  devices  test  cell. 


Fig.  5.16-3b.  Diffusion  capacitor  test  structure. 


Fig.  5.16-3C.  Lateral  Diode  test  structure. 


5.ie-4 


lengths  were  varied  between  3/im,  6/im  and  to  ascertain  information  about  nonlinear 
distortion  as  a  function  of  short-channel  effects. 

The  capacitor  test  cell  consists  of  an  n'*' -diffusion  and  a  -diffusion  capacitor,  each 
400pm  X  400pm  or  ~  33pF.  These  capacitors  are  large  enough  that  the  probe  capacitance 
will  not  be  dominant. 

The  diode  test  cell  consists  of  a  p'^  lateral  diode  400pm  long  by  the  diffusion 
depth  tall,  amd  a  p~ In'*'  lateral  diodes  400pm  long  by  2  times  the  diffusion  depth  plus 
4pm,  as  illustrated  by  the  cross-sectional  sketches  shown  in  Fig.  5.16-4  represents  the 
physical  process  driven  layout  of  the  lateral  devices.  These  large  device  sizes  allow  for  high 
frequency  testing  of  the  test  devices  without  requiring  on-chip  buffering.  The  p''"  diffusions 
on  the  p~  In'*'  diodes  are  included  to  maintain  good  electrical  contact  to  the  p"-well. 

Test  Plan: 


MOSFET  Cell 

With  each  MOSFET  biased  “on”  with  a  ±5V'  power  supply,  the  small  signal  impedance 
modeling  the  device’s  on-nsistance  will  be  measured  using  the  LF  Impedance  Analyzer, 
HP4192A  ^  at  lOQkHz,  iMHz  and  5MHz  with  a  DC-offset  between  varied  between  '2V 
and  +2V  in  increments  of  0.05 V.  This  instrument  has  the  capabilities  of  automatically 
measuring  the  small-signal  impedance  of  a  two-port  test  device  at  selected  frequencies 
and  DC-offsets.  This  instrumentation  is  controlled  by  a  HP-Vectra  through  an  IEEE  488 
bus. 


Capacitor  Cell 

The  small  signal  capacitance  of  each  diffusion  capacitor  will  be  measured  using  the 
same  test  setup  as  described  above  at  lOOkHz,  iMHz  and  5MHz  with  a  reverse  biais 
vauried  between  —3V  and  -TV  in  increments  of  0.05V'. 

The  DC  I-V  characteristics  and  the  AC  characteristics  (e.g.,  turn  off  speed,  charge 
feed-through  effects,  and  other  basic  model  parameters)  for  the  lateral  diodes  will  be 
measured  next  year,  A  more  detail  test  plan  for  these  devices  will  be  supplied  at  that  time. 

Experimental  Results: 

No  results  are  available  at  this  time. 


^  The  specifications  describing  the  HP4192A  capabilities  are  included  in  Appendix-C 
of  this  document. 


5.16-5 


Fig.  5.16-4b.  Cross-section  of  p'*'/n+  lateral  diode. 


5.17  Performance  Detector  based  upon  S/H-3  with  modified  OpAmp 

Name:  S/H-2  w/  zero 

MOSIS  ID:  23983 

Fab.  ID:  M79YDD2-1 

Technology:  CBPE  —  MOSIS  3/im  CMOS  double-poly  p-well  process 

Fabricated:  September  -  October  1987 

Chip  Size:  2300/im  x  3400/im  (7.82mm*) 

Active  Area:  235/im  x  1940/im  (.45mm*) 

Number  of  Pads:  11 

Packaging:  28  oin  package 

Status:  Currently  being  fabricated. 

Purpose: 

This  test  vehicle  will  be  used  to  dynamically  characterize  the  performance  and  per¬ 
formance  limitations  of  the  S/H-2  based  Performance  Detector  architecture  incorporating 
a  more  stable  Operational  Amplifier  design,  to  accurately  sample  high-frequency  large- 
amplitude  signals  in  the  presences  of  circuit  non-idealities,  si  ch  as  switch  feed-through, 
voltage  dependent  switch  “on”  resistance,  statistical  process  variation,  etc.. 

Description: 

The  circuit  schematic,  pin-out  and  block  diagram  of  this  test  structure,  is  identical 
to  the  S/H-2  test  structure  presented  in  Section  5.13  of  this  report,  with  two  exceptions: 
(1)  a  more  stable  OpAmp  design  was  substituted  for  the  original  design;  (2)  the  layout 
error,  where  was  not  connected  to  the  bonding  pad,  was  corrected.  The  cir¬ 

cuit  schematic  and  a  detailed  description  of  this  modified  OpAmp  design  is  discussed  in 
Section  5.19. 

Test  Plan: 

The  same  test  procedure  will  be  used  for  this  test  vehicle  as  was  outlined  in  Section 

5.13. 

Experimental  Results: 

No  experimental  results  are  available  at  this  time,  circuit  under  fabrication. 
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5.18  Single  S/H-3  test  cell  with  modified  Opamp 


Name: 

MOSIS  ID: 

Fab.  ED: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Paclcaging: 
Status: 


S/H-3  w/  zero 
23983 

M79YDD2-1 

CBPE  —  MOSIS  3/im  CMOS  double-poly  p-well  process 
September  -  October  1987 
2300/im  X  3400^m  (7.82mm^) 

1825/im  X  290^m  (0.53mm^) 

14 

28  pin  package 
Currently  being  fabricated. 


Purpose: 

This  test  cell  contains  a  single  Sample/Hold-3  cell  as  discussed  in  Section  2.2.2.3d 
and  5.14,  with  a  more  stable  Op  Amp  design  incorporated.  The  purpose  of  this  test  chip 
is  to  dynamically  characterize  the  performance  and  performance  limitations  of  the  S/H-3 
architecture  and  its  associated  physical  design  and  to  accurately  sample  high-frequency 
large-amplitude  signals  in  the  presences  of  circuit  non-idealities.  The  performance  of  this 
archeticture  will  be  compared  to  the  test  cell  S/H-2,  as  discussed  in  Section  5.17. 

Description: 

The  circuit  schematic,  pin-out  and  block  diagram  of  this  test  structure,  are  identical 
to  those  of  the  S/H-3  test  structure  presented  in  Section  5.14  of  this  report  with  two 
exceptions:  (1)  a  more  stable  OpAmp  design  was  substituted  for  the  original  design;  (2) 
the  layout  error,  where  A.,, -2  (the  bias  current  for  the  2“*^  Op  Amp  referred  as  simply  /t... 
in  Fig.  5.19-1)  was  not  connected  to  the  bonding  pad,  was  corrected.  The  circuit  schematic 
and  a  detailed  description  of  this  modified  OpAmp  design  appear  in  Section  5.19. 

Test  Plan: 


The  same  test  procedure  will  be  used  for  this  test  vehicle  as  was  outlined  in  Section 

5.14. 


Experimental  Results: 

A  design/layout  error  was  discovered  in  the  control  logic,  as  discussed  in  Section  5.14. 
This  error  will  render  this  test  vehicle  non-operational.  Additional  testing  will  not  be 
performed  on  this  chip. 
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5.19  High-Frequency  S/H  OpAmp  with  added  tero 


Name: 

MOSIS  ID: 

Fab.  ID: 

Technology: 

Fabricated: 

Chip  Size: 

Active  Area: 
Number  of  Pads: 
Packaging: 
Status: 


S/H  OpAmp  w/  zero 
23983 

M79YDD2-1 

CBPE  —  MOSIS  3(im  CMOS  double-poly  p-well  process 
September  -  October  1987 
2300^m  X  3400/im  (7.82mm*) 

515^m  X  235/im  (0.12mm*) 

5 

28  pin  package 
Currently  being  fabricated. 


Purpose: 

This  test  cell  is  the  S/H  high-frequency  OpAmp.  The  compensation  of  this  OpAmp 
differs  from  that  of  its  predecessor  discussed  in  Sec.  5.15  in  that  a  single  additional  zero 
has  been  added  to  the  gain  function,  as  described  in  Section  2.2.2.3f.  The  circuit  schematic 
is  shown  in  Fig.  5.19-1  with  associated  device  sizes  contained  in  Table  5.15-1,  and  with 
Cg  =  1.37pF.  The  overall  limitations  of  the  Performance  Detector  au’cheticture  depend  on 
the  performance  of  this  OpAmp  which  will  be  characterized  by  this  test  vehicle. 

The  primary  characteristics  of  interest  axe  bandwidth,  phase  margin  and  open  loop 
gain,  which  are  critical  to  the  high-frequency  operation  of  the  sample  and  holds.  Especially 
of  interest  is  the  comparison  of  the  frequency  response  and  corresponding  phase  margin 
achieved  by  adding  a  zero  to  the  gain  function  of  the  previous  design  and  test  structure 
discussed  in  Section  5.15. 


Description: 

The  circuit  schematic,  pin-out  and  block  diagram  of  this  test  structure,  is  identical  to 
the  S/H-OpAmp  test  -structure  presented  in  Section  5.15  of  this  report,  with  one  exception: 
a  more  stable  OpAmp  design  of  Fig  5.19-1  was  substituted  for  the  original  design. 

Test  Plan: 

The  same  test  procedure  will  be  used  for  this  test  vehicle  as  was  outlined  in  Sec¬ 
tion  5.15. 

Experimental  Results: 

No  experimental  results  ane  available  at  this  time;  circuit  in  fabrication. 


added  zero  circuit  schematic. 
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®.0  SUMMARY 


In  the  initial  phase  of  this  project,  a  design  methodology  for  designing  precision  high- 
frequency  monolithic  continuous-time  signal  processors  was  introduced.  These  structures 
are  comprised  of  an  analog  digitally  controlled  signal  processing  path  along  with  perfor¬ 
mance  monitoring  and  control  circuitry.  Local  intelligence  is  used  to  dynamically  tune 
the  signal  path  thus  yielding  circuits  which  are  inherently  insensitive  to  the  miyor  techno¬ 
logical  limitations  plaguing  linear  IC  designers,  namely;nominal  and  statistical  parameter 
variations,  passive  and  active  component  matching,  temperature  variations,  aging  and 
parasitics.  These  structures  are  termed  Digitally  Controlled  Analog  Signal  Processors 
(DC ASP).  Major  emphasis  this  year  has  been  placed  upon  designing  and  testing  circuit 
structures  serve  as  subcomponents  in  the  overall  DCASP  architecture. 

One  major  accomplishment  this  year  was  in  the  design  and  fabrication  of  a  con¬ 
trolled  signal  processor.  A  preliminary  version  of  this  circuit  was  designed  and  reported 
on  last  year.  In  addition  to  minor  design  errors  which  rendered  this  circuit  only  partially 
functional,  neither  the  resolution  nor  the  adjustment  range  of  this  circuit  were  consid¬ 
ered  acceptable.  The  new  structure,  termed  DCASP-2,  was  designed  to  have  over  three 
decades  of  center  frequency  adjustment  and  over  three  decades  of  bandwidth  adjustment. 
The  frequency  and  bandwidth  adjustment  range  goes  from  approximately  2Khz  to  2M  hz. 
Resolution  in  the  center  frequency  over  this  range  is  to  0.5%  or  better  and  bandwidth 
resolution  is  to  1%  or  better.  The  circuit  is  totally  electrically  reconfigurable  and  pro¬ 
grammable  and  is  capable  of  realizing  any  transfer  function  within  the  specified  parameter 
adjustment  range  up  to  6th  order.  The  circuit  was  designed  in  a  standard  3u  double 
polysilicon  CMOS  process  and  fabricated  in  industry.  The  basic  functionality,  reconfig¬ 
urability,  wide  adjustment  range  and  fine  resolution  have  been  experimentally  verified. 
Detailed  dynamic  testing  of  this  structure  is  ongoing. 

Significant  advances  in  the  design  of  operational  transconductance  zunplifiers  (OTAs) 
was  also  made.  These  circuits  are  used  as  the  active  elements  in  the  controlled  signal 
processor  because  of  their  inherent  wide  bandwidth  and  practical  programmability.  Struc¬ 
tures  which  have  over  two  decade  adjustment  range  in  gain  {gm)  with  resolution  to  1% 
were  designed,  fabricated  and  tested.  These  structures  achieve  fine  resolution  through  pro¬ 
grammability  of  the  tail  voltage  on  the  differential  input  stage  and  wide  adjustment  range 
through  switch  selection  of  output  current  mirror  gain.  Fabrication  of  these  structures  was 
also  in  a  standard  3u  CMOS  process. 

Progress  was  also  made  on  the  design  of  the  performance  detector.  Three  different 
performance  detector  architectures  were  investigated.  These  are  ail  based  upon  a  high 
speed  sample  and  hold  structure  followed  by  a  slower  precision  A/D  converter.  This 
approach  was  selected  because  of  the  performance  advantages  whkh  can  be  achieved  with 
slower  A/D  converter  design.  Major  emphasis  was  placed  on  the  design  of  the  sample  and 
hold  architecture  since  design  methodologies  for  precision  slow  speed  A/D  converters  are 
well  developed.  Different  sample  and  hold  structures  have  been  designed  and  fabricated 


6.0-1 


in  a  3u  CMOS  process.  Results  of  preliminary  testing  of  these  structures  are  presented  in 
Section  5  of  this  report.  More  extensive  dynamic  testing  is  ongoing. 

The  tuning  algorithm  was  also  investigated.  The  tuning  problem  has  been  divided 
into  two  parts.  The  first  part  involves  measuring  the  performance  of  an  existing  filter 
structure  and  the  second  is  the  actual  tuning  itself.  Several  different  parameter  mea¬ 
surement  algorithms  were  investigated.  Both  transfer  function  magnitude  measurements 
and  performance  parameter  extraction  from  these  measurements  were  addressed.  Con¬ 
sideration  of  the  effects  of  noise,  measurement  errors  (e.g.  nonlinearities  ,  rounding  and 
quantization)  and  the  number  of  functional  evaluations  needed  were  made.  One  magni¬ 
tude  measurement  method  requiring  only  three  A/D  conversions  per  sample  magnitude 
measurement  was  introduced.  This  simple  algorithm  is  very  fast  but  is  sensitive  to  errors 
in  the  data  converter  and  noise.  A  curve  fitting  algorithm  based  upon  a  large  number 
of  A/D  conversions  was  also  investigated  which  proves  to  be  more  tolerant  to  inaccurate 
converter  outputs.  Several  methods  of  extracting  relevant  characterization  parameters 
from  the  magnitude  measurements  have  been  investigated.  One  which  is  discussed  in  this 
report  which  performs  quite  well  is  based  upon  using  a  spline  function  to  fit  to  the  mea¬ 
sured  transfer  function  magnitudes.  In  the  absence  of  measurement  errors  this  algorithm 
performs  very  well  although  the  number  of  required  functional  evaluations  is  a  little  larger 
than  desired.  Another  method  which  has  fewer  functional  evaluations  and  which  is  more 
robust  is  currently  under  evaluation. 

Twenty  circuit  test  structures  were  also  designed  and  fabricated  in  a  3u  CMOS  pro¬ 
cess.  These  test  structures  serve  as  subcomponents  in  the  basic  building  blocks  used  in  the 
DC  ASP  architecture.  These  test  structures  include  D/A  converters, operational  transcon¬ 
ductance  amplifiers,  sample  and  hold  circuits,  operational  amplifiers,  digital  logic  test 
structures  as  well  as  the  controlled  signal  processor  block.  Details  about  the  design  and 
testing  of  these  structures  appesu'  in  earlier  sections  of  this  report. 
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7.0  CONCLUSIONS 


Preliminary  theoretical  and  experimental  results  support  the  contention  that  the 
DCASP  approach  offers  potential  for  practical  precision  monolithic  signal  processing  over 
a  wide  range  of  frequencies.  The  flexibility  and  reconfigurability  of  the  present  DCASP 
architecture  has  been  experimentally  verified.  The  preliminary  CSP  circuit  itself,  in  ad¬ 
dition  to  being  reconfigurable  and  programmable  over  three  decades  in  frequency, offers 
experimentally  verified  performance  specifications  in  the  higher  portions  of  the  frequency 
spectrum  that  are  near  to  or  beyond  the  best  results  reported  in  the  technical  literature. 


8.0  RECOMMENDATIONS 


Addition&i  investigation  of  DC  ASP  architectures  are  needed  to  determine  the  ultimate 
practical  precision  and  frequency  range  attainable  with  this  design  methodology.  This 
investigation  needs  to  be  made  at  both  theoretical  and  experimental  levels. 

Architectures  which  offer  increased  flexibility  for  serving  as  generic  system  blocks 
should  be  investigated.  These  generic  structures  should  positively  impact  the  cost  of 
developing  precision  military  systems. 

Architectures  which  offer  significant  reductions  in  area  with  only  modest  reductions 
in  flexibility  should  also  be  investigated.  These  structures  will  be  less  costly  in  high 
volume  applications.  Control  and  tuning  algorithms  need  additional  investigation.  The 
bidirectional  functional  on-chip  tuning  potential  offered  by  the  DCASP  architecture  has 
received  minimal  attention  in  the  literature. 

Subcomponents  needed  for  the  DCASP  system  must  be  investigated  from  a  theo¬ 
retical  and  experimental  basis.  The  ultimate  performance  potential  of  DCASP  systems  is 
strongly  dependent  upon  the  system  subcomponents,  namely  the  CSP  and  the  Performamce 
Detector. 

Very  high  frequency  circuit  structures  which  can  be  digitally  controlled  should  be 
investigated.  Emphasis  should  be  placed  upon  flexibility,  extension  of  the  frequency  range 
of  operation,  and  improving  linearity. 

Extension  of  this  approach  into  the  Gallium  Arsenide  technologj'  to  take  advantages 
of  both  improvements  in  speed  and  radiation  hardness  should  also  be  made.  To  make 
this  transition, practical  access  to  a  generic  GaAs  process  is  needed.  Two  possibilities  are 
the  Rockwell  and  the  MacDonald  Douglas  pilot  lines  which  were  supported  by  DARPA. 
We  have  established  contacts  with  both  groups  and  currently  have  processing  information 
about  both  processes.  Both  processes  have  been  focused  entirely  on  digital  applications 
and  consequently  good  device  models  for  analog  applications  have  not  been  developed. 
This  model  development  must  be  addressed  initially.  Test  structures  for  verifying  models 
and  test  structures  which  will  be  used  in  the  design  of  basic  functional  blocks  in  the  DCASP 
architecture  must  also  be  designed,  fabricated  and  tested. 
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APPENDIX  A 

SPICE  Model  Parameters 


The  following  is  a  list  of  the  level  2  SPICE  model  parameters'-'^ ~ 'I  as  recommended 
by  MOSIS  for  analog  design.  These  parameters  were  used  with  versions  2g6  and  3a7  of 
SPICE  as  distributed  by  Berkeley. 

Table  A-1,  Level  2  SPICE  model  parameters. 


Parameter 

Value 

Units 

NMOS 

PMOS 

LD 

0.28/^ 

o:2Six 

rn 

TOX 

oOO.OE  -  10 

500.0E  -  10 

m 

NSUB 

l.OE  +  16 

1.121088E-f  14 

\lcm^ 

VTO 

0.827125 

-0.894654 

V 

KP 

3.286649E  -  05 

1.526452E  -05 

AjV^ 

GAMMA 

1.35960 

0.879003 

V^l/2 

PHI 

_ 0.6 

0.6 

V 

UO 

200.0 

100.0 

cm?  jV  5 

UEXP 

I.OOIE  -  03 

0.153441 

UCRIT 

999000. 

16376.5 

Vjcm 

DELTA 

1.24050 

1.93831 

VMAX 

100000. 

100000. 

m/s 

XJ 

0.40/X 

0.40^ 

m 

LAMBDA 

1.604983£;  -  02 

4.708659E  -  02 

iiv 

NFS 

1.234795£:-f  12 

8.788617E+  11 

msBsm 

NEFF 

1.00l£:-02 

l.OOlE  -  02 

_ 

NSS 

O.OE  +  00 

O.OE  +  00 

TPG 

1.0 

-1.0 

RSH 

17 

42 

Ohm/sq. 

CGSO 

o 

1 

4E-  10 

Flm 

CGDO 

5.2E  -  10 

4E  -  10 

Fjm 

CJ 

4.5£'  -  4 

3.6E  -  4 

Ohmjsq. 

MJ 

0.5 

0.5 

CJSW 

O.OE  -  10 

6.0E  -  10 

Fjm 

MJSW 

0.33 

0.33 
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ABSTRACT 

A  fully  balanced  CMOS  OTA  (operational  transcon* 
ductance  amplifier)  designed  for  high  frequency  continuous- 
time  filters  is  described.  Computer  simulations  show  the 
OTA  has  less  than  .6%  nonlinearity  e  ver  a  ±1 V  range.  The 
transconductance  is  adjusted  using  a  novel  CMOS  voltage 
source  with  an  output  resistance  that  is  less  than  180  0. 
A  fully  balanced  monolithic  filter  biquad  with  lowpass  and 
bandpass  outputs  at  400  kHx  shows  THD  of  .30%  and  .70% 
respectively. 


INTRODUCTION 

The  continuous-time  filter  presented  in  this  paper  uti¬ 
lises  fully  balanced  OTA’s  in  a  fully  balanced  filter  struc¬ 
ture.  The  benefits  of  fully  dififerential  (balanced)  designs 
have  recently  been  exploited  in  several  switched  capaci¬ 
tor  filters  [l|,(2|.  Reported  advantages  of  fully  balanced 
structures  include  improved  power  supply  rejection  ratio 
(PSRR),  simpler  gain  block  design,  higher  signal-to-noise 
ratio,  improved  linearity  [3|,  and  less  gain-bandwidth  in¬ 
duced  filter  characteristic  shifts.  These  benefits  are  ob¬ 
tained  at  the  expense  of  mcreaied  silicon  area.  The  tradeoff 
has  proven  justifiable  in  many  switched  capacitor  applica¬ 
tions,  and  should  be  justifiable  in  corresponding  continuous- 
time  applications  as  well. 

Transconductance  based  gain  blocks  provide  post-  fab¬ 
rication  tunability,  a  superior  frequency  response,  and  pos¬ 
sibly  an  area  advantage  over  the  convertional  op  amp  RC 
integrator.The  traditional  gain  block  for  low-medium  fre¬ 
quency  discrete  active  filters  has  been  the  operational  am¬ 
plifier  (op  amp).  For  high  frequency  filter  gain  blocks, 
transconductors  (OTA’s)  offer  advantages  over  the  tradi¬ 
tional  op  amp,  which  suffers  from  excess  phase.  The  im¬ 
proved  performance  of  the  OTA  at  high  frequencies  can  be 
attributed  to  the  fact  that  the  OTA  has  no  internal  high 
impedance  nodes.  Any  excess  phase  in  the  OTA  is  pri¬ 
marily  due  to  the  internal  current  mirrors  [5|.  In  the  100 
kHz  -  1  MHz  range  the  OTA  integrator  excess  phase  is 
adequately  modeled  by  a  single  parasitic  pole  (>  /•).  A 


traditional  op  amp  integrator  model  with  comparable  ac¬ 
curacy  includes  3  high  frequency  poles.  The  higher  order 
op  amp  model  contributes  more  excess  phase. 

Recent  op  amp  designs  (cascode  and  folded-cascode 
op  amps)  offer  significant  improvements  in  high  frequency 
performance,  since  they  have  no  internal  high  imp^ance 
nodes  and  thus  require  no  separate  compensation  capac¬ 
itor.  However,  these  recent  high  frequency  op  amps  are 
actually  tranaconductance  amplifiers  with  very  large  out¬ 
put  resistances  |5j.  As  such,  these  devices  are  not  general 
purpose  op  amps,  but  are  rather  designed  specifically  to 
drive  capacitive  loads.  In  particular,  the  capacitive  load 
itself  is  used  for  frequency  compensation.  These  new  high 
speed  op  amps  arc  superior  choices  for  applications  with 
low  current  drive  requirements,  like  switched  capacitor  cir¬ 
cuits.  Traditional  op  amp  RC  active  filter  designs,  however, 
can  not  use  these  new  op  amps  (even  with  their  superior 
frequency  performance)  because  of  their  large  output  resis¬ 
tance.  Monolithic  high  frequency  active  filters  based  upon 
conventional  op  amps  are  recognized  as  impractical  due  to 
both  the  high  frequency  op  amp  limitations  and  the  inabil¬ 
ity  to  practically  and  accurately  control  the  passive  com¬ 
ponent  values. 

It  is  our  intent  to  exploit  the  improved  high  frequency 
performance  of  the  OTA  m  the  design  of  high  frequency 
monolithic  filters.  Emphasis  will  be  placed  upon  the  de¬ 
sign  of  a  high  pcrfomBance  general  purpose  OTA.  A  block 
diagram  of  a  buic  fully  balanced  OTA  is  shown  in  Fig.  1  . 
The  design  problem  can  be  decomposed  into  the  design  of 
a  differential  input  stage  followed  by  the  design  of  the  ap¬ 
propriate  current  mirrors. 

INPUT  STAGE 

OTA’s  in  active  filter  structures  t)rpically  experience 
input/output  size  signals  across  the  OTA  inputs  (8).  For 
low  distortion  and  good  dynamic  range  the  OTA  input 
must  remain  linear  over  a  wide  input  voltage  range.  This 
is  a  problem  not  encountered  in  op  amp  design  since  the 
differential  input  is  ideally  zero. 

The  circuit  of  Fig.  3  is  a  fully  balanced  OTA  input 
circuit.  It  differs  from  a  conventional  source  coupled  pair 
differential  amplifier  in  that  the  high  impedance  tail  current 


Fi|.  1.  Fully  Balanced  OTA  Block  Diagram. 

source  has  been  replaced  by  a  voltage  source.  Both  devices 
are  assumed  operating  in  the  saturation  region  and  modeled 
by  Sah’s  equation  : 


/,  =/J(V,-V..-Vr)* 

(2) 

•I 

t3> 

1 

ea 

1 

(3) 

where  p  B  ^  and  Vt  is  the  threshold  voltage.  The 
differential  output  is  defined  as: 

/««<  =  h  -  h 

=  mi  -  +  V«)(Va  -  Vi)l  W 

If  the  devices  see  purely  differential  input  signals  (Vi  = 
-V]),  the  output  expression  simplifies  to  : 

Ut  =  mr  +  V„)V3  (5) 

and  the  transconductance  gain  is  given  be  the  expression: 

=  +  (6) 

With  differential  inputs,  the  output  current  is  a  purely  lin¬ 
ear  function  of  the  difference  mode  input  voltage,  given  that 
Sah’s  equation  is  an  accurate  model  of  MOSFET  large  sig¬ 
nal  behavior.  Extensive  SPICE2G.fi  simulations  using  the 
full  MOSIS  3/1  CMOS  models  (25  Level  2  parameters)  and 
device  sixes  listed  in  Table  1  have  validated  the  excellent 
linearity. 

OTA  STRUCTURE 

One  of  the  largely  unexplored  advantages  of  OTA’s  is 
their  topological  and  structural  simplicity.  The  previous 
section  has  shown  a  very  simple  input  stage  that  produces 
a  linear  output  current  given  balanced  (purely  differential 


aod«)biiHils.  Aastfwdrffitulnfantiwdifiwcahidrah 
cttn«BU,/Mi,isslwsnifaiFi(.l.  TiMOTAdowiMiraqnire 
internal  conpeasatien  like  a  CMveatimtal  «p  amp,  beeaitse 
there  ate  no  iatemal  Ugh  impedance  nodes. 

Specification  of  cenent  atimts  afanoat  eonpietea  the 
OTA  design.  Consideration  *•  ^ven  to  the  desir^  output 
resistance,  currant  matching,  froqueaey  response  and  to  the 
common  mode  output.  The  ful^  baiaaceu  input  stage  of 
Fig.  2  is  combinod  with  Wilsoo  p-«haanel  minm  and  cas* 
code  n-channel  mirrors  to  form  the  OTA  of  Pig.  3.  The 
p-channel  mirrorawere  chosen  for  their  superior  frequency 
response.  Very  strict  1:1  current  gain  (and  good  frequency 
response)  mothratod  the  choice  of  the  n-<hannel  minors. 

Fig.  4  shows  the  %  full  Kale  deviation  from  linear  for 
both  balanced  output  currents  (/'*'  and  I~  on  Fig.  3).  The 
OTA  is  designed  for  a  nominal  of  12.3/imhos  and  shows  a 
maximum  nonlinearity  of  .57f(  over  d:l  V  full  Kale.  Global 
parameter  shifts  and  statistical  (individual)  parameter  vari¬ 
ations  will  cauM  the  fabricated  OTA’s  Savior  to  devi¬ 
ate  slightly  from  the  simulations.  Nonlinearity  degradation 
caused  by  global  parameter  shifts  hu  been  investigated  by 
repeating  the  initial  simulations  with  ±25?(  variations  in 
each  model  parameter.  The  worst  case  nonlinearity  was  for 
a  2i%  dKrease  in  /f^,  when  the  maximum  full  Kale  linear 
deviation  bKame  .94%.  This  large  variation  is  outside 
the  range  of  wceptabie  MOSIS  fabrication  parameters,  so 
global  parameter  shifts  should  cauM  leu  Mvere  nonlinear¬ 
ity.  Statistical  deviations  were  investigated  for  worst  caM 
P  mismatches  of  ±5%  and  Vt  mismatches  of  ±20mV,  The 
maximum  nonlinearity  occured  for  a  5%  d  mismatch  in  the 
input  devices  and  was  .77%.  ThcM  simulated  values  ap¬ 
pear  a  bit  pessimistic  based  on  measurements  of  a  rKently 
fabricated  OTA  with  a  similar  topology. 

Modest  device  mismatches  can  lead  to  large  common¬ 
mode  offMts  unless  common-mode  fcedbKk  is  used  for  Q- 
point  stabilixation  [l|.  The  common-mode  feedback  is  pro¬ 
vided  by  the  ME  devices  on  the  V,,  rail. 

CMOS  VOLTAGE  SOURCE 

The  OTA  tranKonductance  is  controlled  by  adjust¬ 
ment  of  V„  u  shown  by  Eq.  fi.  The  final  filter  struc¬ 
ture  is  designed  to  be  readily  adaptable  to  either  Master- 
Slave  tuning  |7|  or  digital  sensing/control  [8|.  An  adjustable 
CMOS  voltage  Kurce  is  used  to  buffer  the  tuning  struc- 


Fig.  2.  Fully  Balanced  OTA  Input  Stage. 


Fig.  3.  Complete  OTA  Schematic. 


ture  control  lines  from  the  OTA  V,,  current  re<iuirementa. 
Fig.  5  shows  an  adjustable  CMOS  voltage  source,  a  cur* 
rent  mirror  feedback  loop  senses  Vf,  and  adjusts  Vos  ot 
a  wide  output  device.  A  small  (.38  pf)  compensation  ca¬ 
pacitor  is  used  to  keep  the  output  resistance  low  over  a 
reasonable  frequency  range  and  to  insure  stability.  The 
#  output  resistance  is  nominally  1800.  As  varies  from 

-d.O  V  to  -2.4  V  the  voltage  source  output  K,,  varies  from 
-4. IS  V  to  -2.85  V,  giving  an  OTA  Pm  adjustment  range 
from  IS.^Mmhoe  to  8.85/imhos. 


V,  -  (volts) 
In 


Fig.  4.  Nonlinearity  in  balanced  output  currents. 


INTEGRATOR 


The  integrator  is  the  fundamental  circuit  element  in 
many  filter  structures.  An  OTA  integrator  is  shown  in 
Fig.  8.  For  high  frequency  filter  applications  the  devia* 
tions  from  ideal  phase  (90*)  are  critical.  A  parasitic  pole 
2  decades  above  the  filter  critical  frequency  (40  MBs  for 
this  filter)  will  contribute  .57*  excess  phase.  This  modest 
amount  of  excess  phase  can  cstise  substantial  deviations 
from  the  nominal  Q  and  critical  frequency  gain. 

A  simple  phase  compensation  scheme  obtained  by  the 
addition  of  a  small  ‘resistor*  below  the  OTA  mtegrator 
capacitor  is  shown  in  Fig.  8.  This  ‘resistor*  introduces 
a  phase-lead  sero.  An  external  voltage  (Vj)  sets  the  gate 
voltage  of  a  grounded  n-<hanncl  transistor  operating  in  the 
ohmic  region.  The  gate  voltage  can  be  used  to  adjust  the 
resistance  value  and  the  sero  location  which  ofbets  the  ex¬ 
cess  phase  due  to  a  parasitic  polc(s).  Since  the  compen¬ 
sation  sero  is  at  a  high  frequency,  the  required  equivalent 


Devices 

W/L  (microns] 

MAx 

100/8 

MBx 

10/8 

Mix 

8/80 

.MCx 

10/8 

MDx 

50/8 

.MEx 

14/7 

Table  1. 

OTA  Device  Sixes. 

Fig.  5.  CMOS  VolUgc  Source  Schematic. 


Fig.  ?.  OTA  Filter  Topologjr. 

the  input  devicee  arc  turly  long  (W/L  »  Im/Wm)  for  op¬ 
eration  at  400  kB>.  Sinnlatiou  show  that  decreasing  the 
input  device  length  (L)  to  achieve  iargw  OTA  transconduc- 
tancee  provides  worki^  designs  above  1  MBs. 


resistance  is  low,  and  consequently  the  portion  of  the  signal 
voltage  appearing  across  the  ohmk  device  is  small.  There¬ 
fore,  distortion  caused  by  the  ohmk  device  is  negligible. 
The  integrator  phase  response  simulation  with  C  =  16.96pf 
shows  negligible  phase  error  at  /•  s  400  kHs,  and  less  than 
.25*  within  an  octave  of  /«  for  Vj  =  1.25  V. 

FILTER  TOPOLOGY 

A  fully  balanced  OTA  based  biquad  is  shown  in  Fig.  7 , 
The  topology  is  similar  to  that  used  by  the  op  amp  Tow- 
Thomas  filter.  In  the  conversion  of  the  Tow-Thomas  struc¬ 
ture  the  op  amp  integrator(s)  were  replaced  with  OTA  in¬ 
tegrators,  and  the  other  resistors  with  OTA's. 

This  filter  topology  has  been  simulated  with  the  OTA 
of  Fig.  3,  Cl  =  16.96pf  and  Cj  =  1.06pf.  Because  the  Ca’s 
are  fairly  small,  calculation  of  the  filter  critical  frequency 
and  Q  must  include  an  estimate  of  the  capacitive  loading 
of  Ca  by  the  gate  (input)  of  OT.4  3.  For  =  -3.8  V, 
rS  V  supplies,  and  a  2  input  signal;  the  filter  exhibits 
a  400  kHz  center  frequency,  Q  =  3.8,  and  THD  of  .30%  and 
.70%  for  the  lowpass  and  bandpass  outputs  respectively. 

Silicon  is  currently  being  fabricated  to  verify  this  de¬ 
sign  and  to  test  design  feasibility  at  higher  frequencies.  The 
OTA  appears  well  suited  to  higher  frequency  ^plkations. 


^  h 
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Fig.  6.  (Compensated]  OTA  Integrator. 


Difiunjr  CmuoM  Aathg 

flful  FroMMiic 
L.  G«i|tr 

Uctr  84»ck»8lMaclo 

Xim 

Aakok  IMtaiMU 
DootOm 

Horaieio  Nmm>LoMae 


DtptfbiMat  of  Eloetekol  EatiattriBC 
Toxm  AitM  Uahrtnitp 
CoQogt  Sutioa.  Toxu  77MS 


iBtrodnotkm 


Muy  procoMiac  oppUcotioai  iavoMac  coatia- 
«oao>tixM  iaput  oad/or  ovtpot  lifnab  oxiot.  Thoot  ^ 
pUcatioai  on  bath  Uaear  and  aooUaoAr,  ruy  froa  low 
to  high  btqatacMs,  and  havt  apacilicatioaa  raagiag  from 
Tory  lax  to  vary  atriagcnt.  Monolithic  contiaaoaa>tiaoaig* 
nal  proccsaon  hava  largaly  alndad  IC  daignan  for  tha  paat 
dccada.  Thb  caa  ha  attributad  primarily  to  tha  inability 
of  rataarchan  to  aohra  many  of  tha  aninaroaa  toehaologkal 
challangca  asaociatad  with  analog  lignal  procaning. 

Digital  lignal  procaiaing  tachai^ai  havo  baaa  rac* 
caaafiilly  appQod  ia  a  vary  naafol  bat  Uaitad  clam  of  aaa> 
■  log  lignal  procasiiag  applicatkmi.  The  digital  ligaal  pro* 
caning  taehaiqum  hava  offarad  flaxibility  and  limpikity 
but  hava  baaa  aecompaaiad  by  high  lyatam  coati  aad  to* 
•trktad  to  ralativaly  low  fra^aney  and/or  Boa*raal-time 
appiieatioai.  Aliaiiag,  ^antiutioa,  warping,  aad  algo* 
rithimic  parfonnanca  and  laniitivity  limitationi  poaa  con* 
tinual  chaUangm. 

It  ia  well  known  that  monolithic  continuoai*timi  aaa* 
log  intagratad  circuit!  can  ideally  provide  lophiiticatad  aig* 
nal  procemiag  capabilitim  ia  aa  area  alBeiant  nuanar  ovar 
a  vary  wide  frequency  range.  Thia  axtanda  from  tha  low 
audio  range  to  fraquancim  wall  beyond  100  MHi  where 
convantional  circuha  auch  aa  a  limpla  digital  iavertar  bo* 
hava  much  aa  a  lowpam  llta. 


aad  apaeUkationa  of  the  analog  aignal  procaaaor  can  be 
mtabliahad  via  aoftware  input  after  ailkon  procaaaiag  lad 
packaging  are  ccmplate.  The  atructureia  amenable  foaalf* 
chacking/ielf«conactlag  raquiramenta  aa  well  aa  adaptiva 
applkationa.  Self  taating  (aaturae  are  abo  practicaL  The 
atructnra  ii  appBeable  from  low  fraquenciaa  to  very  high 
frequencim.  Tha  DCASP  ia  compatible  with  and  acalm 
with  exiating  VLSI  technologim. 

Tha  major  amphaaia  ha  thia  paper  ia  placed  npon  tha 
DCASP  archhactute  Haalf  and  on  how  thin  architecture 
can  be  uaed  to  aimnltaneouaiy  overcome  the  lujor  tech¬ 
nological  UmitatioBa  currently  impeding  the  development 
of  awnoSthk  real-time  continnoua-time  aigtral  proceming 
cirenita. 


Technological  ChnUengea  Pacing  the  1C  Dealgner 

Numcroua  practical  limitationa  arc  rcaponaibla  for  lo- 
rioualy  Umitini  the  evolution  of  monolithic  analog  inte¬ 
grated  circuit!.  The  major  paaaive  factora  HmiUng  the  par* 
formanca  of  thcac  cirenita  arc  liatod  in  Table  1.  In  addition 
to  the  pamivc  factora,  electrical  noiac  of  the  pamive  aad 
active  deviem  aad  device  aonOnearitim  further  deteriorate 
performance. 


1.  Nominai  Procem  Parameter  Variationit* 
3.  Statiatjeai  Proceae  Parameter  Spreada 
3.  Large  Temperature  CoefBckata 


Initially,  tha  major  practical  Bmitationa  which  have 
limited  the  development  of  monolithic  analog  integrated 
cirenita  are  identified  aad  quantified  in  thia  p^er.  Ex* 
iating  approachm  aad  their  fuadamcatal  Bmitationa  arc 
^Kuaaed. 

Aa  architecture  for  a  ayatem  which  inherently  com* 
penaatea  for  the  major  facton  which  have  limited  the  de¬ 
velopment  of  monolithic  continuona-tima  integrated  cir* 
cuita  ia  introdnead.  The  architecture  utiliaea  a  preciiely 
controllable  analog  aignal  path  aad  a  aqphiatie^ed  digi¬ 
tal  ccmtroller  ia  a  control  loop  aad  ia  termed  a  Digitally 
Controlled  Analog  Signal  Procaaior  (DCASP).  Within  a 
predetenaiaad  range,  both  tha  functional  charactariatka 


1.  Nominal  Proceaa  Parameter  Variationi 
3.  Statiatkal  Proceaa  Parameter  Spreada 

3.  Large  Temperature  CoefBckata 

4.  Paraaitk  Baniatora  aad  Capaciton 
$.  Paaaive  Component 
6.  Active  Component  Ma*^t»t*t 

Table  1.  Mqjor  Paaaive  Factora  Limiting  Performance  of 
Monoiithk  Analog  Cirenita 

o 

The  magnitude  of  the  problem  aaaociated  with  the 
limitationa  of  Table  1  caa  be  boat  appraciated  by  coniidar* 
lag  the  typkal  magnitude  of  theta  ^tora  aad  their  com* 
bined  affecti  on  typkal  ayatem  parfocmaace.  For  compara- 
thra  purpoeai,  amphaaia  win  be  placed  an  ailieoa  MOS  pro* 
taaaia  ahhough  limilar  phceomenoB  are  obaerved  in  other 
techaolo^. 
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Fig.  3.  Potaibk  pole  locationi  ia  a  DCASP  baaed  active 
filter 

The  Exciter  provides  art  excltatkm  or  aeqoeatialiy,  mal- 
tiple  excitatioos  for  the  CSP  duriag  the  ideatificatioa  atate. 
Depesdiag  oa  the  application,  typicaUp  only  /,«/  or 
will  be  rc<iuiied.  The  exact  value  of  these  references  is  not 
critical  but  they  must  be  known  and  stable.  The  identifies* 
tion  and  optimisation  problem  simplifies  if  multiple  inputs 
(but  a  flx^  single  reference)  are  sequentially  applied  by 
the  Exciter.  Considering  again  the  filter  example,  the  Ex* 
citer  may  consist  only  of  a  non*prscision  voltage-controQcd 
oscillator  (VCO).  The  Digital  Controller  is  ussd  to  sequen* 
tially  set  the  Exciter  (Le.,  VCO)  operating  frequency.  The 
'exact*  frequency  of  oscillation  for  each  step  in  the  VCO  so* 
quence  is  not  critical  but  can  be  precisely  determined  with 
a  modest  amount  of  circuitry  if  A./  is  known. 

The  Performance  Detector  is  used  to  measure  the  per* 
formance  of  the  CSP  itself.  If  one  were  to  attempt  to  idea* 
tify  only  the  CSP,  the  required  specifications  for  the  design 
of  the  Performance  Detector  would  typically  be  quite  chal* 
lenging.  By  also  identifying  the  Performance  Detector  and 
Exciter,  the  specifications  required  for  these  devices  will 
be  modest.  For  algorithmic  simplicity,  the  Performance 
Detector  may  also  be  made  to  be  tunable  by  the  Digital 
Controller.  Considering  again  the  filter  example,  the  Per* 
formance  Detector  may  be  no  more  than  a  voltags  com* 
parator  or  a  generic  analog  to  digital  converter.  Nonideal 
characteristics  of  the  Performance  Detector,  such  as  ^bet 
voltages  (as  a  fnnetioa  of  common  mode  input)  may  be 
identified  and/or  adjusted  by  the  Digital  Controller.  Slew 
rate  and  hysteresis  effects  may  also  be  identified  or,  in  some 
applications,  ignored. 

The  Digital  Controller  is  used  to  monitor  the  perfor* 
ounce  of  the  system  during  the  identification  or  protune 
sUte.  Based  upon  the  output  of  the  Performance  Detec¬ 
tor  for  each  excitation  supplied  by  the  Exciter,  the  system 
is  adjusted  to  optimally  meet  the  specificatioas  established 
for  the  CSP.  The  desired  specifications  must  be  stored  in 
nonvolatile  memory.  For  high-volunK  applications,  tuning 
algorithms  may  be  fixed  in  hardware.  Once  tuned,  the  Dig¬ 
ital  Controller  may  either  power-down  or  enter  a  staadlo^ 
state  in  which  it  monitors  portions  of  the  system.  Since  the 


Digital  Centrolht  b  not  hi  Um  signal  path,  H  is  Ml  Msdad 

far  tsal  tima  spnraiisa.  Ilact  tbs  pntnas  ^ssd  ia  typi¬ 
cally  aal  crHkal,  tha  aba  and  capabOMu  af  tha  caatrallar 

can  be  quits  modasi.  Tkadaads  between  aigarithmic  tuning 

cMapIsiity  and  capabOhias  of  tka  Digital  CaatroOar  can  ba 
Isfarring  back  ta  the  tachaolagical  Bmitations  of  Thbla 

1  which  pfague  the  caatinnoue-tima  1C  dasigaar,  H  should 
be  apparent  that  if  an  accaptabk  tuning  stratagy  can  be 
developed,  and  V  the  CSP  has  snflkiaat  mags  and  lusoln- 

tion  so  that  the  damaia  of  realisabla  specifications  (h  enca* 
forth  termed  the  taaiag  docaain)  iatersacts  srith  the  desirad 

specificatioas  (bsacafarth  termed  the  specification  domain), 
then  the  DCASP  structure  will  be  inherently  unaffactad 
by  aominal  procsss  parameter  vnriatioos,  sUtistical  pro- 
esse  parameter  ^leada,  parasitic  rosistoia  and  capacitors 
as  ercD  as  passive  and  active  consonant 

ff  temperature  changes  after  the  initial  trimming,  sev¬ 
eral  altenativas  exist  for  temperature  compensation.  In 
those  ^plications  where  the  signal  path  can  be  periodi¬ 
cally  iatemptad,  the  CSP  structure  can  be  re-calibrated. 
The  Digital  Controller  can  also  monitor  die  temperature 
and  make  on-line  corrections  based  upon  nominal  temper¬ 
ature  characteristics  of  the  devices.  A  dual  signal  path 
architecture  ia  which  the  input  signal  is  alternately  applied 
to  the  two  paths  and  in  which  the  uaHxcitcd  path  k  off-line 
calibrated  k  also  possible. 

High  fteqnency  Applications 


At  h^  frequencies  (lOMHt  to  300MBt)  few  tech¬ 
niques  cxkt  for  signal  processing  on  silicon.  Thk  can  be 
attributed  primarily  to  the  relative  significance  of  pwa- 
sitk  capacitances  associated  with  both  the  passive  and  ac¬ 
tive  devices  w  well  as  with  the  layout  at  thme  frequencies. 
As  a  consequence,  at  high  frequencies  drastk  and  non- 
controOabk  deterioratioa  in  the  characteristics  of  ampli¬ 
fier  structures  k  experienced  rendering  them  impractical. 
Thk  prechidas  the  prMtical  appOcatioa  of  either  SC  or 
continnons-time  active  filters  in  thk  frequency  range. 

It  has  been  demonstrated*  that  eontinnon».timc  cir¬ 
cuits  can  'operate*  at  much  higher  frequencies  than  their 
digital  counterparts.  The  main  limitation  of  high  frequency 
monolithk  centinuoas-thne  ckcuHs  k  the  ktahility  of  de- 

signm  to  precisely  centrd  the  characterktics  of  the  analog 

circuito.  To  demonstrate  the  high  frequency  performance 
capabilities  of  continuous-thne  dreuits,  consider  the  high 
frequency  bandpass  filter  of  ;.  3.  Thk  circuit  k  basi¬ 
cally  the  cascade  of  three  'digitaT  inverters  configured  in 
a  feedback  structure. 

The  frequency  response  of  thk  circuit  as  obtained 
from  a  SPICE  simulation  for  several  different  values  of  I 
and  1/  k  shown  in  Tig.  4.  In  the  simulation  of  tUs  simpli¬ 
fied  circuit,  the  mnltipie-outpnt  current  mirror  and  buffer 
amplifiers  were  assumed  ideal,  loading  capacitors  of  0.1pf 
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wm  muMctad  to  ticBAl  M<i«,  ui  Um  MOSfCT*  mrt 
ckvacterM  Vy  pukoatm  «f  a  t)rpk«>  Ip  CMOS  ffOMH. 
A  4c  kvd  CMtfoi  wu  lacd  to  lacy  Uw  fokacaat  a«t|>at 
vohaca  caMtoat  Potoaltal  Ibr  adjwtiat  tba  dunetoria* 
tka  af  Taiy  kicli  fraq^oaney  cLreaito  via  4c  caaitiai  tariablaa 
akaaid  ba  apparaat  frooi  tUa  aKtsyla.  If  a  goad  caatrol 
atractan  to  aatooMtkany  a4iaat  tba  ckaractafictka  «t  thia 
cireait  ia  davalopad,  aacb  aa  aaiag  tha  DCA8P  arcbitaetara 
of  Fig.  1,  pneiaioa  Ugh  fra^aacy  patfarmaaca  ii  paaaibla. 


:  ft 

Fig.  3.  Simplified  High  Frequency  u»  aad  Q  Controllable 
Baadpaaa  FUter 

Cpwlsyteai 

A  new  aichitKture  for  monolithic  continuoua-time  pre- 
ciiion  signal  processing  hu  been  introduced.  The  archi> 
tecture  employs  a  tunable  non*praclsioa  signal  processing 
path  aad  a  ^ital  controller  for  precisely  electronkaliy 
tuning  the  signal  path  in  the  field.  The  OCASP  stmc* 
tures  are  inherently  insensitive  to  the  major  technological 
limitations  plaguing  other  monolithic  continuous-time  ap¬ 
proaches;  nam^,  process  variations,  process  parameter 
spread,  temperature  variations,  aging,  parasitic  rcsbtor 
and  capacitors  as  well  as  resistor  and  capacitor  matchmg. 

The  DCASP  architectura  is  amenable  to  a  host  of  lin¬ 
ear  aad  non-Gnaar  signal  processing  applications  over  a 
wide  range  of  fraqoencias.  It  ia  versatile  in  that  it  allows 
for  post  fabrication  toyloring  of  circuit  functions  aad  spec¬ 
ifications.  It  can  be  used  in  adaptive  applications.  It  is 
fflkroprocassor  compatible  and  can  be  configured  for  self¬ 
testing  aad  self^onactiag  operation. 


Fig.  4.  Simulated  Frequency  Response  for  Circuit  of  Fig. 
3  for  various  values  of  1  and  (Curve  designations  are  in 
Table  3).  a)  Constant  BW,  Variable  f„  b)  Constant 
variable  BW 
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Table  3.  Parameters  for  Plots  of  Fig.  4 
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A  1-MH2  VOLTAGE-CONTROLLED  CONMWOUM»« 
BANDPASS/LOWPASS  FILTER  USING  LINEARIZED  CMOS  OTAi 


A.  P.  NEDUNGAOl  ud  R.L  GEIGER 

Df  pt.  of  Electrical  Engineering.  Texu  AlcM  Univereitjr 
College  Station,  TX,  77M3 


ABSTRACT 

The  design  and  implementation  of  a  continuous-time 
bandpass  lowpass  filter  with  voltage-controlled  center  fre¬ 
quency  and  Q  is  presented.  The  circuit  uses  a  linearised 
CMOS  transconductance  element  u  the  bask  integrating 
block.  A  voltage-controlled  phase-adjusting  scheme  is  em¬ 
ployed  in  the  integrator  to  compensate  for  excess  phase  in 
the  transconductance  at  high  frequencies.  The  fabricated 
filter  readily  achieves  the  nominal  design-center  frequency 
of  1  MHz  with  Q  =  10,  and  provides  output  signal  swings 
up  to  iVp.f  with  1  %  distortion. 


INTRODUCTION 

Recently,  there  has  been  considerabk  interest  in  the 
design  and  implementation  of  fully  mopolithic  continuous- 
time  analog  signal-processing  circuits  [1-3].  Such  circuits 
overcome  certain  inherent  limitations  of  switched-capacitor 
networks  arising  due  to  their  saropled-data  nature  [4].  In 
particular,  the  advantages  of  continuous-time  processing 
become  increasingly  apparent  as  operating  frequencies  arc 
raised  well  beyond  the  audio  range.  A  basic  requirement 
for  realizing  accurate  and  stable  continuous-time  filters  is  a 
filler  block  having  time-constants  that  are  controllable  us¬ 
ing  a  voltage  or  current,  thereby  allowing  the  realized  filter 
to  be  tuned  on  chip  against  process  and  tcnr.perature  varia¬ 
tions.  This  paper  describes  the  design  and  impIcmenUtioo 
of  a  voltagetunable  filter  block  capable  of  realising  cut-off 
frequencies  in  excess  of  1  .VfHz.  The  circuit  is  a  second- 
order  bandpass/lowpass  structure  using  a  CMOS  oiKrra- 
tional  transconductance  amplifier  (OTA)  as  the  buic  octhre 
element.  The  OTA  employs  a  linearize^  input  stage  which 
dynamkally  adjusts  the  biu  current  of  a  differential  pair 
to  cancel  out  nonlinearities  of  the  MOSFETs  over  a  wide 
input  voltage  range.  A  voltage-controlled  phase  adjusting 
Kheme  is  employed  in  the  OTA  integrators  to  compensate 
for  the  excess  phase  of  the  OTAs  at  high  frequencies. 

PHASE  COMP’iSNSATED  OTA  INTEGRATOR 

Fig.  1  shows  fhe  schematk  diagram  of  a  phase- 
compensated  integrator  using  an  OTA  whose  transconduc¬ 
tance  Pm  is  adjustable  by  a  control  voltage  Vo-  It  is  as¬ 


sumed  that,  at  frequencies  of  interest,  the  high-frequency 
behavior  of  the  OTA  can  be  modelled  by  a  single-pole  fre¬ 
quency  dependent  transconductance  of  the  form 

=  (1) 

where  is  the  transconductance  value  at  low  frequencies 
and  r  is  a  high-frequency  time  constant.  This  model  is  fairly 
accurate  at  normal  operating  frequencies  where  jsj  <  r. 
The  resulting  transfer  function  of  the  integrator  is  obtained 

as 


where 

(Vr.-VT)  (3) 

is  the  small-signal  drain  resistance  of  MP  in  Fig.  1.  In 
the  above  equation,  W  and  L  arc,  respectively,  the  chan¬ 
nel  width  and  length  of  devke  UP,  while  the  parameters 
|t„,  and  Vj-  have  their  usual  significance  [S|.  Note 
that  transistor  MP  introducer  a  high-frequency  zero  in  the 
transfer  function  of  the  integrator.  Since  re  depends  on  the 
gate-source  voltage  Vf,  the  location  of  this  zero  is  voltage- 
adjustable.  The  phase  lead  due  to  this  zero  can  then  be 
used  to  compensate  for  the  excess  phase  lag  srithin  the 
OTA  itself.  That  is,  if  V]p  is  adjust^  to  make  Crs  =  r, 
exact  phase  compensation  is  achieved.  Assnming  that  the 
initial  phase  error  is  not  large,  the  zero  frequency  required 
for  compensation  is  much  higher  than  the  unity-gain  band¬ 
width  (rf  the  compensated  integrator.  Therrforc,  at  fire- 
quencics  of  interest,  the  signal  voltage  across  the  compen- 


Fig.  1  Phase  compensated  OTA  integrator 


Fig.  7  Integrator  luiag  iinnriied  CMOS  OTA 


«iin|  device  MF  k  very  smail,  rcnilting  in  ncgliiiSle  db- 
tortmn  due  to  the  nonlinearity  of  thii  devico  |g|, 

Fif.  2  shows  a  CMOS  realisation  of  the  complete 

iT**!^!*  “"*"'*«*  ‘«n»condttctaace  cir- 
cuu  (.W,  -  provides  a  voltage^ontrolled  low- 

frequency  transconductance  given  by  the  relation 

fmo  =  K{Vc  -  Vf) 

where  K  is  a  constant  dependent  on  process  parameUrs  and 
the  gwmetnes  of  the  input  and  biasing  devices  |g|.  The 
quantity  Vj,  k  a  constant  biu  volUge.  OeUib  of  circuit 
design  and  the  linearization  scheme  employed  are  discussed 
elsewhere  6,7.  and  are  not  repeated  here.  The  integrator 
in  Fig.  2  was  fabricated  using  a  standisrd  3u  double-poly 
^well  CMOS  process  jSj..  Fig.  3  depicu  the  nonlinw- 
iiy  in  the  measured  «  -  v  characteristics  of  the  OTA  as  a 
percentage  of  a  2  V  (peak)  full-scale  value.  The  observed 
nonlinearity  is  less  than  1  %  for  input  voltages  in  the  range 
‘ft  *  ^  consumes  10  mW 

3-dB  bandwidth  of  15  MHz. 


Fig.  3  .Measured  nonlinearity  in  OTA  i-v  charactcristks 
for  VoD  *  -k'ss  =  SV,  Vg  =  -2.5V,  Vc  =  1,75V,  V,  =  0; 
Curve  (a)  Input  V,,  V,  =  0;  Curve  (b)  Input  V,,  V,  =  0 


FILTER  REALIZATION 

ns  schematic  diagram  in  Fig.  4  shows  the  propossd 
tsstUterstnetun.  ftbshnpiyaTsrsioasf  thewaUkaowa 
two-integrator  loop  asbg  the  OTA  integrator  cf  Fk  2ae 

.WkWMi,,bVKl.OTA.fc.. 
pneiton  Cl  end  Cs  form  the  intograton,  whik  an  addi- 
**“•1  OTA  0m*  ptovidoe  tha  roqulrwl  loeo  to  obtain  Snitc 
Q.  With  an  K  the  ontpnu  Von^  and  Vog^ 

provide  aocMd-order  bond-pam  and  iow-paao  rsopooem  i«. 
^thraly,  Aauiniag  that  |e|  <  r  and  ls|  <  Cr^  in  the 
frequoacy  range  of  iatcrem,  a  straightforward  aaaJysis  «». 
kg  (1)  and  (a)  gives  the  following  relatioae  for  the  bendp 
center  freqncacy  w«  and  quality  factor  Q  of  the  filter 


Qm 


w,  wO, 

_ ^ 


where 


I  -  *,<}(ri  -F  n  -  Cirsi  -  C,res) 


ifmeZ 


CiC, 


(8) 

(») 
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Fig.  4  Second-order  bandpase/lowpaei  filter 


fiMvnn  mi) 


Fig;  7  Distortion  spectrum  of  \MHm  bandpus  filter  for  a 
’tl'p.p  output  at  I  MHz 


CONCLUSION 

The  design  and  implementation  of  a  second-order 
continuous-time  filter  with  voltage-controUed  center 
frequency  and  Q  hw  been  presented.  Experimental  results 
demonstrate  the  viability  ^  continuoas-UiiM  proceuing  in 
the  MHs  range  using  a  standard  3/i  CMOS  technology.  The 
voltage-control  featur  t  allows  this  filter  to  be  tuned  on-chip 
against  process  and  temperature  variations  using  known 
tuning  Khemes  (3,  9|.  The  implementation  of  higher-order 
filters  obtained  by  csKading  the  proposed  second-order 
block  is  presently  under  investigation. 
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APPENDIX  C 

Instrumentation/Measurement  Equipment  Specifications 


The  following  is  a  set  of  manufactured  published  equipment  specifications  for  those 
pieces  of  equipment  or  instrumentation  that  were  required  in  testing  the  overall  DCASP 
architecture  and  its  components.  Specifically,  the  following  equipment  specifications  are 
contained  in  this  Appendix. 

•  Hewlett  Packard  Spectrum  Analyzer,  Model  3585A 

•  Hewlett  Packard  pA  Meter/DC  Voltage  Somce,  Model  4140B 

•  Hewlett  Packard  LF  Impedance  Analyzer,  Model  4192A 

•  Tektronix  Digital  Storage  Oscilloscope,  Model  468 

•  Tektronix  Oscilloscope,  Model  2465 

•  Hewlett  Packard  Synthesizer/Function  Generator,  Model  3325A 

•  Hewlett  Packard  Pulse  Generator,  Model  8082A 

•  Hewlett  Packard  lOOMHz  Universal  Counter,  Model  5316A 

•  Hewlett  Packard  Waveform  Recorder,  Model  5180A 

•  Tektronix  Digital  Multimeter,  Model  DM  501A 

•  Tektronix  40MHz  Function  Generator,  Model  FG  504 


Hewlett  Packard  Spectrum  Analyser,  Model  3585A 


The  following  is  an  excerpt  of  Service  Manual  —  Model  S585A  Spec¬ 
trum  Analyzer,  Vol.  1.  Colorado:  Hewlett-Packard  Company,  Aug. 
1981,  pp.  1-5  through  1-10. 


HEWLETT 

PACKARD 


SERVICE  MANUAL 

MODEL  358SA 
SPECTRUM  ANALYZER 


Seriil  Numbers:  17S0A00716  and  greater 


To  help  minimize  the  possibility  of  electrical  fire 
or  shock  hazards,  do  not  expose  this  instrument 
to  rain  or  excessive  moisture. 


VOLUME  I 


Manual  Part  No.  03585-90006 
Microflche  Part  No.  03585-90056 


©Copyright  Hewlett-Packard  Company  1979 
P.O.  Box  301,  Loveland,  Colorado,  80337  U.S.A. 


Model  35a5A 


General  Information 


1-8.  RaetMnwiM  Taat  Ei|Mipiiiaiit 

Equipment  required  to  maintain  the  Model  3585 A  is  listed  in  Table  1-2.  Other  equipment 
may  be  substituted  if  it  meets  the  requirements  listed  in  the  table. 

Table  M.  SpecHieations 

_ 

Specifications  are  guaranteed  only  when  the  Auto  Calibration  is  on, 
the  OVBN  REF  OUT  is  connected  to  the  EXT  REF  IN  and  the  inatru' 
ment  has  warmed  up  at  least  20  minutes  at  the  ambient 
temperature. 

FREQUEICY: 

MMMrtRMNit  RaigK 

20  Hz  to  40.1  MHz 

Oiselayte  tUifK 

Frequency  Span: 

0  Hz  to  40.1  MHz  Settable  with  0.1  Hz  resolution 
10  Hz  to  40  MHz  in  1 ,  2,  5  steps 

Accuracy: 

-0%  +0.2*70  of  Frequency  Span  setting 

Marker. 

Readout  Accuracy: 

±0.2Vo  of  Frequency  Span  ±  Resolution  Bandwidth 
Counter  Accuracy: 

±  0.3  Hz  ±  1x1 0  Vmonth  of  counted  frequency  for  a  signal  20  dB  greater 
than  other  signals  and  noise  in  the  resolution  bandwidth  setting. 

Manual  Frequency  Accuracy: 

±  0. 1  Hz  ±  1x1 0  ’/month  using  the  internal  reference. 

fiMsIati'm: 

Resolution  Bandwidths 

3  dB  bandwidths  of  3  Hz  to  30  kHz  in  a  1 ,  3,  10  sequence 
Accuracy 

±  20^  at  the  3  dB  points 
Selectivity  (Shape  Factor) 

60dB/3dB  <11:1 

AMPUTUOE: 

Miiiaraewat  Raafe: 

Terminated  (50/750)  input 

'137  dBm  to  +  30  dBm  or  equivalent  level  in  dBV  or  volts 
High  Impedance  ( 1  MO)  input 
31  nVto22V 
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General  Information 


Model  358SA 


TaMt  M.  S^ifleatiaiia  (Caafi 

Oitplaiee  RaeiK 

Vertical  Scale: 

10  division  CRT  settable  to  10,  5,  2  and  1  dB/division  relative  to  the 
Reference  Level  (which  is  represented  by  the  top  graticule  line) 

Input  Range: 

•25  dBm  to  +  30  dBm  in  5  dB  steps 
Reference  Level  (relative  to  Input  Range): 

Settability 

•100  dB  to  -f  10  dB;  0.1  dB  resolution 
Accuracy  (at  Center  Frequency,  for  Sweep  Time  2  2  steps  above 
auto  setting  at  Manual  Frequency,  1  or  2  dB/Div.) 

Add  0. 1  dB  for  auto  sweep  setting 
Add  0.1  dB  for  5  or  lOdB/Oiv. 

Terminated  (SO/75Q)  input 

•flOdB  -SOdB  *70  dB  -90  dB 


±0.4  dB 


±0.7  dB 


±1.5dB 


High  Impedance!  1  MO)  input— add  to  above 
20  Hz  10  MHz  40.1MHz 


±0.7  dB 


±1.5dB 


Amplitude  Linearity  (referred  to  Reference  Level): 
0  dB  -20  dB  -50  dB  -80  dB 


•95  dB 


±0.3dB  I  ±0.6dB  ±1.0dB  ±2.0dB 

Frequency  Response  (referred  to  center  of  span): 
Terminated  (50/750)  input  ±  .5  dB 


High  Impedance  ( 1  MO)  input 
20Hz _ 10  MHz 

±0.7  dB 


40.1  MHz 


±1.5dB 


Marken 

Amplitude  Accuracy: 

Center  Frequency  or  Manual  frequency  at  the  Reference  Level:  Use 
Reference  Level  accuracy  from  -1-30  dBm  to  -115  dBm,  add  Amplitude 
Linearity  below  -115  dBm. 

To  Calculate  Marker  Accuracy: 

Terminated  (50/750)  input 

At  the  Center  or  Manual  Frequency  and  at  the  Reference  Level  •  use 
Reference  Level  Accuracy. 

At  the  Center  or  Manual  Frequency  and  NOT  at  the  Reference  Level  •  add 
Reference  Level  Accuracy  and  Amplitude  Linearity. 

NOT  at  the  Center  or  Manual  Frequency  and  NOT  at  the  Reference  Level 
•  add  Reference  Level  Accuracy,  Amplitude  Linearity  and  Frequency 
Response. 

High  Impedance  (1  MO)  input 

Calculate  the  Marker  Accuracy  according  to  the  Terminated  Input  rules 
above,  than  add  1  MO  Reference  Level  Accuracy. 
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Model  358SA 


General  Information 


Tallt  M.  SptcIficatiaM  (Coafd) 

WPUT: 

SifMl  lifett: 

Terminated  (&0/75Q)  input;  >26  dB  return  loss,  DC  coupled,  BNC  connec¬ 
tor.  Applied  dc  voltage  must  be  s  ten  times  the  RANGE  setting  in  volts  for 
full  specification  compliance. 

High  Impedance  ( 1  Mfi)  Input;  ±  3^  shunted  by  <  30  pf,  BNC  connector 

MaiimsM  iapiit  levsi: 

Terminated  (50/7501  input;  13  V  peak  ac  plus  dc,  relay  protected  against 
overloads  to  42  V  peak. 

High  Impedance  ( 1  MO)  input;  42  V  peak  ac  plus  dc  (derate  ac  by  a  factor  of 
two  for  each  octave  above  5  MHz). 

Extsraal  HcferMee  Ispst 

1 0  MHz  (or  subharmonic  to  1  MHz),  0  dBm  to  -f  1 5  dBm/500 

Required  frequency  accuracy,  ±5x1 0'‘.  When  an  external  reference  is  used 
the  ±  1  X  1 0  Vmonth  specification  on  the  Counter  and  Manual  frequency 
accuracy  is  replaced  by  the  accuracy  of  the  external  reference. 

OUTPUT: 

Tracking  Cantraton 
Level 

0  dBm  to  -1 1  dBm/ 500  with  a  single  turn  knob,  continously  variable 

Frequency  Accuracy 
±  1  Hz  relative  to  analyzer  tuning 

Frequency  Response 
±0.7  dB 

Impedance 

500;  >  1 4  dB  return  loss 

Probe  Pawan 

+  15  Vdc,  -1 2,6  Vdc;  1 50  ma  max. 

Suitable  for  powering  HP  1 1 20A  Active  Probe 

Extsraal  Display 

X,  Y:1  volt  full  deflection; 

Z:  <  OV  to  >  2.4  V. 

Rscordar 

X  Axis:  minimum  of  +  1 0  Vdc  full  scale 
Y  Axis:  +  1 0  Vdc  full  scale 
Z— penlift  output  (TTL  levels) 

IF: 

350  kHz,  -1 1  dBV  to  -1 5  dBV  at  the  reference  level 
VMso: 

+  10  Vdc  at  the  reference  level 

Frsgssscy  Oafarasea: 

1 0.000  MHz  ±1x1  O  ’/mo.,  >  +  5  dBm  into  500 
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General  Information 


Model  35I5A 


Tallt  1*1.  S^acHkatiana  (Caaf4 

OYMAMICMMI: 

Spurious  RMponsss:  (which  includes  image,  out  of  band  and  harmonic 
distortion)  referred  to  s  single  signal  whose  amplitude  is  s  RANGE  setting  and 
whose  frequertcy  is  2:  ten  times  the  Resolution  Bandwidth. 

Terminated  (S0/7S0)  input 

<  -80  dB 

High  Impedance  (1  MO)  input 

<  *80  dB;  except  second  harmonic  distortion,  <  -70  dB 

Internxxiulation  Distortion:  for  two  signals,  each  at  least  6  dB  below  the 
RANGE  setting  end  separated  in  frequency  by  at  least  100  Hz,  referred  to  the 
larger  of  the  two  signals. 

Terminated  (50/750)  input 

<  -80  dB;  except  2nd  order  IM  with  one  or  both  of  the  input  signals 
within  the  range  of  1 0  MHz  to  40  MHz,  <  *70  dB 

High  Impedance  ( 1  MO)  input 

<  -70  dB 

Residual  Responses  (no  signal  at  input,  -25  dBm  Range) 

<  -120  dBm 
Lo  Feed  Through: 

<  -1 5  dB  with  respect  to  Range 

Average  Noise  Level  (-25  dBm  Range),  50/750  input) 

‘'iOISE  !-£.£_ 


!  : 

.  <  TQ  I  ■  ■  .  -■  ■■  —  —  -  ■  -  .  .  ,  I  icon-:  - „  .soOoBu 


rv-*  v 

X  w 

1  MO  input;  Below  500  kHz  add  1 2  dB  to  above. 

Average  Noise  Level  at  40  Hz  (3  Hz  Res.  BW)  using  the  Noise  Level  Key 
-123  dBm  (1  Hz) 
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ModdSSISA 


Oencral  InformatioQ 


TaMt  M.  SpMificatiMt  (CMf# 

WSfUY: 

TrMNC 

Two  memories,  A  end  8,  eech  1001  date  points  horizontally  by  1024  data 
points  vertically  are  displayed  on  the  CRT  at  a  flicker  free  rata. 

Memory  A  •  updated  at  the  rata  of  the  analyzer  sweep  time. 

Memory  B  •  updated  by  transfer  from  A  (Store  A-B). 

Max  Hold  •  retains  in  Memory  A  the  largest  signal  level  at  each  horizontal  point 
over  successive  sweeps. 

A-B  -  updates  Memory  A  with  sweep  data  minus  Memory  B  data  at  each  cor¬ 
responding  horizontal  point. 

Trace  Oetsctiae: 

A  linear  envelope  detector  is  used  to  obtain  video  information  from  the  IP 
signal.  Peak  signal  excursions  between  horizontal  sweep  data  points  are 
retained  and  displayed  at  the  left-hand  data  point.  This  assures  that  no  signal 
responses  are  missed. 

SWEEP: 

Modes: 

Continuous,  Single  or  Manual 
TrlMer 

Free  Run,  Line,  or  External 
Time: 

Resolution:  0.2  sec 
Minimum;  0.2  sec 

Maximum;  Frequency  Span/minimum  sweep  rate  limit 
The  minimum  sweep  rate  limit  is: 

a:  10  kHz  Res  BW  -  10  sec/Hz  of  Frequency  Span  or  0.1  Hz/sec 
£  3  kHz  Res  8W  •  200  sec/Hz  of  Frequency  Span  or  0.005  Hz/sec 

6ENEIMU 

Esvircanieatal: 

Temperature: 

Operating  O^C  to  55®C 
Humidity: 

<  95%  RH  except  300  Hz  Res.  BW,  <  40%  RH 

Wane-sp  Tkee; 

20  minutes  at  ambient  temperature 

Power  Roqoiroeiests: 

1 1 5  V  (  +  1 1  %  -  25%),  48-440  Hz 
230  V  (  +  1 1%  -  18%),  48-66HZ 
<180  watts,  3A  max. 

Woifbt 

39.9  kg  (88  lb) 

OisMesioas: 

22.9  cm  (9  in)  H  x  42.6  cm  (16.75  in)  W  x  63.5  cm  (25  in)  0 

Reowto  OperatioB: 

Compatible  with  IEEE  Standard  488-1975  "Standard  Digital  Interface  for 
Programmable  Instrumentation" 
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Ceneral  Information 


Modd3S85A 


TaMt  1-2.  Bicaininaa^ad  Tatt  E^ipmant 


»  . 

iHa 

PwlsHMese 

M — .a. - .■ 

vwiffnawee 

MrwM 

Bipind  niimiiliilii 

Tstl 

TeiM 

mm 

Audio  OdCilUtoi 

FroduencY  IkHi 

1 

a 

hp-  339  or 

Otstortion  s  90dB 

Amplituda  O.IVrms 

hp-  239 

Atttnuttor 

VfriiM  lOdB'Sttp 

Range:  0  •  1 20d6 

a 

a 

•hp  3550 

VtriaWo  IdB.Stto 

Range  0  ■  1 2dB 

a 

a 

-hp-  355C 

Sm  Nolt  1 

Bndg*. 

Oificiionol 

son 

Fraquenev  0  1  40  MHe 

t 

1 

hp-  8721A 

780 

Return  Lost  >  30dB 

1 

a 

-hp-  8721A 

Sm  Not*  2.  3 

Oeectivitv  ^40dB 

Option  008 

Cilculito' 

Compatible  with  hp  9B2SA 
Software  and  I/O 

a 

-hp-  9825 

CUculator  ROM's 

HP'IB’  and  hp-  982SA 

a 

hp-  9B210A 

ComptliMt 

•nd 

•hp  9821 3A 

Filttr  9MHt  Low  Rsss 

Sm  Figure  4-14 

a 

a 

Frtquoficv  Counttr 

Range  5  to  10  MHt 

a 

a 

-hp.  532BA 

Resolution  0  1  Hi 

Accuracy  1 1  count. 

Option  010 

1  5s  10  'O/day 

Fftqutncv  SynihtSKti 

Freo  Range  200  Hz  to  40  l  MHz 
Amp  Range.  «10to  OS  dBm 
Amplitude  Accuracy  ±0  25  dBm 

a 

» 

hp-  333SA 

Fisgutncv  Synthosiisi 

Frtq  Range  1  kHi  to  33  MHi 
Amplitude  Range  25  dBm 
Amplitude  Accuracy  1 0  4  dB 

a 

a 

hp  3330B 

Function  Gantrator 

Frequency  1  2l<Ht 

a 

-hp  3311 A 

Sm  Noit  3 

Square  Wave  lOOni  rise  time 
dc  Offset  sIV 

HPIB* 

a 

hp  10631 

Inttrconntction 

Cabttt 

HP'IB*  Inurfscc  Cable 

np  9825A  Compatible 

hp  98034A 

Imoedsnct  Matching 

Frequency  0  1  to  40  MHi 

a 

-hp-  B542B 

Network  (COQ  to  7$Q 
Minimum  loaa  Padi 

VSWR  <  1 .05 

Miaer  Double 
eaianctd 

Frequency  0  1  40MHi 

a 

hp  10534 

$M  Note  3 

Oscilloscope 

Veriical  Scale  £  5  mV  Oiv 

a 

hp  1740A 

Sm  Note  2 

Horiiontal  Scale  £  50  nsec  Orv 

Powei  Supply  OC 

Voltage  range  0  10V0C 

a 

hp  6213A 

Sm  Note  4 

Printei  Impact 

Plotter  Capability 

* 

-hp  9871 A 

Summer 

Termination 

See  Figure  4  1 S 

. 

a 

Feedthfough 

500 

rO  1  ohm  1  Watt 

a 

hp  U048C 

750 

« 

-hp-  1 1094C 

Thermal  Voltage 

Frequency  0  1  60MHz 

a 

hp.  1 1051A 

Convener  500.0  5  V 

Calibration  Data 

Option  01 

Sm  Note  4 

Voltage  Divider 
to  to  t 

Terminated  m  500 

Sm  Figure  4  7 

Sm  Note  4 

Voltmeter  Digital 

Full  Scale  Range  IVdc 

a 

-hp  3455A 

See  Note  4 

Accuracy  s0  004% 

Resolution  6  Digits 

Input  Resistance  >  1  MQ 

MTIS 

1  Atttnuttor  must  b9  C9lit>r4(9d  tK  stsnasftfs  tsb  Correction  feetors  ere  re 
Quirett  for  the  Operstrortef  Venficeuon  Tests 

2  SeQuued  for  the  Operetion  Venficetton  Return  Loss  Test 

3  Required  for  the  Semi  Autometic  Pertormence  Test  Return  Loss  procedure 

4  Required  to  run  the  cefibretor  eccurecy  proqrem _ 


Packard  intaftacc  Sua 


Hewlett  Packard  pA  Nl!eter/DC  Voltage  Source,  Model  4140B 


The  following  is  an  excerpt  of  Hewlett  Packard  pA  Meter/DC  Volt¬ 
age  Source,  Model  41J10B,  Yokogawa-Hewlett-Packard,  Ltd.  Sept.  1983. 


H6WUETT 

PACKARD 


OPERATION  AND  SERVICE  MANUAL 

MODEL  4140B 

pA  METER/ DC  VOLTAGE  SOURCE 


SERIAL  NUMBERS 

This  manual  appllaa  diractry  to  inatrumanta  with 
aarial  numbara  prafixad  2034J. 

With  changaa  daacrS)ad  in  Saetion  VI,  thia 
manual  alao  applaa  to  inatrumanta  with  aariiil 
numbara  prafixad  2129J. 


(DCOPYMGHT.  YOKOGaWA  HEWLETT  PlACKAM).  LTD..  1»t0 
••1,  TAKAKURA-CHO.  HACHIOJi'SHI,  TOKYO.  JAMN 


Manual  Part  No.  04140-90021 
Microfiche  Part  No.  04140-90071 


Printed:  SEP.  1983 
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1^1  4ld 


Measurement  Functions:  I-V,  C-V  and  I 

I:  For  Independent  operations  as  universal  pA  Meter/Programmable  Voltage 

Source  # 

I-V:  I-V  characteristic  measurement  using  staircase/ ramp  wave 
C-V:  Quasi-Static  C-V  characteristic  measurement  using  ramp  wave 

Voltage  Source:  Two  separate  sources  (VAand  Vb) 

:  ±100V,  function  generator/programmable  source  a 

:  tiOOV,  programmable  OC  voltage  source 


Function 

Va 

VB 

I-V 

y'  ,  A  .  y  .  yv 

mm 

^ 

I 

y  ,  A.  y  ,  A  ,  - 

Voltage  Sweep:  Auto  (pause  available)/Manua1 
Warm-up  Time:  hour 


I 


GENERAL 

Operating  Temperature:  0*C  to  40*C 
Relative  Humidity:  170%  at  40*C 

Power:  100/120/220VtlO%,  240V-10%+5%,  48Hz  -v  66Hz,  max.  135VA  with  any  option. 
Dimensions:  426mmW  x  177mmH  x  498mmD 
Weight:  Approx.  14.4kg 

Accessory  Furnished:  16053A  Test  Leads  (1  set),  loOSSA  Test  Fixture. 


4140B 


Stctlon  I 
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Table  1-1.  Spec1f1cat1ons(Sheet  2  of  7). 


CURRENT  MEASUREMENT 

Display:  3-1/2  digit,  99.9%  overrange. 

Measurement  Range:  ±0.001x10  ±1.999x10  *A,  11  ranges,  auto/manual  range 

selection. 


Measurement  Accuracy/ Integration  Time: 


Range (A) 

Measurement 

Accuracy* 

Integral 

:ion  Time  (ms)**  1 

SHORT 

MED 

LONG 

10**^  10"’ 

i  (0.5  +  2  ) 

20 

80 

320 

10-10 

1(2+2) 

io-‘' 

1(5+3) 

80 

320 

1280 

^0-12*** 

i  (  5  +  8  ) 

160 

640 

2560 

*  0^  >"<19  +  counts),  23»C  ±  5»C,  < 70%  humidity,  integration  time. ..LONG, 

filter... ON. 

**  at  50Hz  line  frequency  (x  5/6  at  6OH2  operation). 

***  Zero  offset  is  performed. 

Voltage  Burden:  ilOpV  at  full  scale. 

Internal  Electromotive  Force:  llOOuV  at  23®C  ±  5®C. 

Maximum  Input: 


HI-L0  (peak  value): 
Lo-Guard:  ±200V. 


±2V  at  10'^  %  10’*  A  range. 
±30V  at  10"*  -v  IQ-*  A  range. 
±120V  at  10  ®  '''  lO’^^A  range. 


Zero  Offset:  Cancels  leakage  cu*-rent  of  test  leads/fixtures. 


Offset  Ranges:  0  'v  ±100fA, 
Trigger:  INT/EXT  or  MAN. 


High  Speed  I  Data  Output:  Outputs  current  measurement  data  with  max.  4ms  inter¬ 
vals.  (Refer  to  reference  data  for  accuracy). 

Input  Terminal:  Triaxial  BNC  (HP  Part  No.:  1250-0887). 


Section 
Table  1 
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Table  1-1.  Spec1fications(Sheet  3  of  7). 


OC  VOLTAGE  SOURCE  (Va  AND  VbI 


nl 

Hodet  dIAflir 


Output  Mode: 

VA*.  /■  .  A  .  7^  .  ,  OFF 

Vb:  —  ,  OFF 


Voltage  Range:  0  -v  tlO.OOV,  0  'v-±100.0V,  2  ranges  (autoranging  only). 
Max.  Current  Capacity:  lOtnA. 


Sweep  Control:  Auto  (pause  ava11able)/man.,  up/down  manually  available  in  hold. 
Operating  Parameters  Setting  Ranges: 


Start/Stop/OC  Voltage:  0 'v-  +10.00V  in  O.OIV  steps.O ±100. OV  in  0. IV  steps 
Step  Voltage:  ±0.01V  tlO.OOV  in  O.OIV  steps(0.1V  step  at  lOV  of  absolute 
value  of  output  voltage) 

Hold  Time:  0  'v,  199.9s  in  0.1s  steps, 0  'v- 1999s  in  Is  steps. 

Step  Delay  Time:  0  'x-  10.00s  in  0.01s  steps,  0  'v-  100.0s  in  0.1s  steps. 

Ramp  Rate  (dV/dt):  O.OOlV/s  -v  l.OOOV/s  in  O.OOlV/s  steps. 

Accuracy:  at  (13*0  ±  5®C) 

Output  Voltage  (  /" ,  A  t  =  ): 

±10V:  ±(0.07%  +  llmV). 

±100V:  ±(0.09%  +  llOmV). 


Accuracy  of  Ramp  Voltage*  : 

Ramp  Rate:  i^Q  2%  +  lo^V/s) 


10~'*  X  START  Voltage  (V) 
HOLD  TIME  (S)  +  2s 


±(0.2%  +  80yV/s) 


10~‘*  X  START  Voltage  (V) 
HOLD  TIME  (s)  +  2s 


-  -  if  absolute  setting  value  for  START  or  STOP  Voltage>10V. 


Linearity: 

wn  It  +  0.0003V/S  ,  0,01  X  START  Voltage  (V)  , 

RAMP  RATE  (V/s)^  "  RAMP  RATE  (V/s)  x  (HOLD  TIME  (s)  +  2s)  * 

4.  0.003V/S  1  0.01  X  START  Voltage  (V)  _ „ 

RAMP  RATE  (V/s)^  ”  RAMP  RATE  (V/s)  x  (HOLD  TIME  (s)  'TfiT  * 


-  -  if  absolute  setting  value  for  START  or  STOP  voltage  >10V. 

*  :  1.  Temperature  Change:  1  3.6®C/hour. 

2.  Time  after  start  of  ramp^Zs. 


f 
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Table  1-1.  Specif1cat1ons(Sheet  4  of  7). 


Start  Stop  VoUaqe  (only  for  ,  /V):  t20mV 

{±200mV  ...  >  10V  of  absolute  setting  value  for  START  or  STOP  voltage). 

Display  of  Output  Voltage  (only  fory  ./V):  ±{0.07%  +  16mV) 

(±0.09%  +  ISOtnV)  ....  >  lOV  of  absolute  setting  value  for  START  or  STOP 

voltage). 

Step  Delay/Hold  Time:  Accuracy  is  dependent  on  accuracy  of  line  frequency 

(SOHz  or  eOHz). 

Current  Limit:  lO'^A,  10‘^A  or  10*^A±10t. 

Output  Terminals: .BNC,  L-6ND. 


C-V  MEASUREMENT 

Calculation  Equation  .  C{F)  =  measured  current  value  (A)/ramp  rate  (V/s) 

Measurement  Range:  O.OpF  'v-  199. 9pF,  200pF  'v  1999pF,  2  ranges  of  Auto  range. 

%  change  Display:  Capacitance  change  is  displayed  as  a  %  of  the  initial  setting 
value  of  Cox  (100%). 

%  Display  Range:  0.0%  '■«  199.9%. 

Cox  Setting  Range:  O.lpF  %  199. 9pF,  200pF  1999pF. 

Capacitance  Calculation  Accuracy:  Depends  on  accuracies  of  both  current  meas¬ 
urement  and  linearity  of  ramp  wave 
(refer  to  paragraph  3-53). 

Zero  Offset:  Cancels  stray  capacitances  of  test  leads/fixtures. 

Offset  range:  0  'v-  lOOpF. 
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Hodll  41 


Table  1-1.  Spec1f1cations(Sheet  5  of  7). 


OTHER 


Analog  Output: 

Output  Oata:  Va,  I  and  C 
Output  Voltage: 


Output  Oata 

Output  Voltage  (Resolution) 

Va  tlOV 

ilO.lV  'v-  ilOOV 

0  \  il.OOOV  (ImV/count) 

±1.01  ±10.00V  (lOmV/count) 

I  Full  Scale 

±5V  (5mV/count) 

C  Full  Scale 

lOOpF 

lOOOpF 

100%  (%  Display) 

0.5V  (0.5mV/count) 

5V  (5mV/ count) 

5V  (5mV/count) 

Accuracy:  i(0.5"  +  20niV) 

Low  Pass  Filter:  OFF,  0.22s  :  20%  and  Is  t  20%  applied  to  both  Va  and  I/C 
Data  Output 

Pen  Lift  Output:  TTL  low  level  (<  0.8V)  during  sweep  period  in  I-V/C-V 
function 


Recorder  Scale  Output:  Upper  right/lower  left  scale  output  for  location 

adjustment  of  recorder 


Key 

Va  output 

I/C  output 

U.R. 

(Upper  Right) 

Either  maximum  voltage  value 
of  START  or  STOP  voltages. 

Full  scale  value  of 
(+)  plus  sign. 

L.L. 

(Lower  Left) 

Either  minimum  voltage  value 
of  START  or  STOP  voltages. 

Full  scale  value  of 
(-)  minus  sign.  OV  (OpF) 
for  C-V  measurement . 

ZERO 

OV 

OV 

HP-IB  Interface:  IEEE  488-1975,  ANSI.  STANDARD  MC  1.1 


Interface  Functions:  Shi  AHl  T5  L4  SRI  RLl  DCl  DTI 

Remotely  Controllable  Functions:  Measurement  Function,  Current  Range,  Lower 
Limit  of  Auto  Mode,  Integration  Time,  I  Trig,  Filter,  Voltage  Sweep  Con¬ 
trol,  Current  Limit,  Voltage  of  Va/Vb,  Setting  Times  and  Self  Test. 

Data  Output:  Measured  Oata  (I,  C  and  Va), 

Voltage  Settings  (Va,  Vb), 

Setting  Times, 

Setting  Value  of  Cox  and. 

Front  Panel  Key  Status. 


I,^|4140B 


Table  1-1.  Spec1f1cat1ons(Sheet  6  of  7). 

OPTIONS 

Option  907:  Front  Handle  Kit  (5061-0090). 

Option  908:  Rack  Flange  Kit  (5061-0078). 

Option  909:  Rack  and  Handle  Kit  (5061-0084). 

Option  910:  Extra  Manual. 

ACCESSORIES  AVAILABLE 

16053A:  Test  Leads  (furnished  with  the  4140B) 

One  triaxial  (male)  -  triaxial  (male)  cable,  two  BNC  (male)  -  BNC 
(male)  cables,  and  connection  plate  with  female  connectors  (one 
triaxial  and  two  BNC)  are  furnished.  Each  cable  is  1  meter  long 
Useful  for  connecting  user  designed  prober  station/measurer, lent 
fixture. 

16054A:  Connection  Selectors 

Selects  connection  of  low  lead  for  pA  Meter  section  as  in  fol lowing 
figure.  Used  in  conjunction  with  the  16053A. 


MIGH^LOW 


Section  t 
Table  1-1 


16055A:  last  Fixture  for  General  Device  Measurements  (furnished  with  the  4140B) 

For  stable  pA  current  measurements  with  electrostatic/light  shielded 
hood.  Alligator  clips/TO-5  socket  with  connection  plates  for  easy 
connection  to  actual  devices. 

16056A:  Current  Divider  (10:1) 

Extends  lO'^A  range  to  IQ-^A  (use  only  on  lO'^A  range). 
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Table  1-1.  Specifications (Sheet  7  of  7). 


Other  Accessories/Recownended  Stock  Parts 


Descriptions 


HP- IB  Cable 


Triaxial  Connector  Female 


f  CONNECTOR-RF 
ROD,  BRASS 
>•  ROD,  BRASS 


BNC  Connector  Female 


CONNECTOR-RF 

NUT 

WASHER 
SOLDER  LUG 


HP  Model /Part  Number 


0833D 

0833A 

0833B 

0833C 


1250-0687 

1250-1413 

16053-24001 

16053-24002 


1250-0083 

2950-0001 

2190-0016 

0360-1190 

1250-0408 


16055A  Accessories 

Connection  Plate  with  Alligator  Clip 
Connection  Plate  with  TO-5  Socket  (lOpins) 
Alligator  Clips  (lOea) 

Connection  Leads  for  TO-5  Socket  (lOea) 
TO-5  Socket  (Spins) 

TO-5  Socket  (lOpins) 

TO-5  Socket  (12pins) 


Triaxial  Cable  (approx  Im) 


BNC-BNC  Cable  (approx  Im) 


16055-65001 

16055-65002 

16055-65003 

16055-65004 

1200-0238 

1200-0239 

1200-0240 


16053-61002 


16053-61003 


Connection  Plate  for  the  16053A 


16053-61001 


1-10 


Hewlett  Packard  LF  Impedance  Analyser,  Model  4192A 


The  following  is  an  excerpt  of  Hewlett  Packard  LF  Impedance  An¬ 
alyzer,  Model  4198A,  Yokogawa-Hewlett-Packard,  Ltd.,  Nov.  1981. 


^  HEWLETT 
PACKARD 


OPERATION  AND  SERVICE  MANUAL 


MODEL  41 92A 

LF  IMPEDANCE  ANALYZER 


SERIAL  NUMBERS 

This  manual  applies  directly  to  instruments  with 
serial  numbers  prefixed  2045J*  and  above. 


COPYRIGHT  YOKOGAWA-HEWIETT-PACKARO.  LTD.  1981 
9-1.  TAKAKURA-CHO,  HACHIOJI-SHI,  TOKYO.  JAPAN 


Manual  Part  No.  04192-90001 
Microfiche  Part  No.  04192-90061 


Printed :  NOV.  1981 


Model  4192A 

improves  efficiency  in  production  applications  v/here 
repetitive  measurements  are  made.  This  feature  can  also 
be  used  to  measure  the  same  parameter  on  one  com¬ 
ponent  under  (five)  different  sets  of  test  conditions.  The 
standard  memory  of  the  4 1 92 A  preserves  stored  data 
even  when  the  instrument  is  off. 

1-10.  The  4192A  provides  HP-IB  interface  capability 
for  complete  remote  control  of  all  front-panel  control 
key  settings  and  test  parameter  settings.  This  feature 
makes  is  possible  to  integrate  the  4 192 A  into  a  measure¬ 
ment  system  which  reduces  cost  by  improving  OUT 
throughout,  improving  circuit  design  efficiency,  and 
shortening  the  component  development  period.  The 
4 192 A  is  also  equipped  with  X-Y  recorder  outputs  and 
pen  lift  control.  Clear  and  accurate  copies  of  character¬ 
istics  curves  resulting  from  swept  measurements  can  be 
obtained  easily  with  this  capability,  without  an  external 
HP-IB  controller. 

1-11.  The  versatility  and  operability  of  the  4 192 A  are 
maximized  by  the  availability  of  versatile  test  fixtures. 
Because  components  and  networks  are  not  of  uniform 
shape  and  size,  the  4192A  has  several  test  fixtures  that 
can  be  used  to  best  meet  different  measurement  require¬ 
ments. 

M2.  SPECIFICATIONS 

1-13.  Complete  specifications  of  the  Model  4192.A  LF 
Impedance  Analyzer  are  given  in  Table  1-1.  These  specifi¬ 
cations  are  the  performance  standards  or  limits  against 
which  the  instrument  is  tested.  The  test  procedures  for 
the  specifications  are  covered  in  Section  IV.  Performance 
Tests.  Table  1-2  lists  rupplemental  performance  charac¬ 
teristics.  Supplemental  performance  characteristics  are 
•lot  specifications  but  are  typical  characteristics  included 
as  additional  information  for  the  operator.  When  the 
4192A  LF  Impedance  Analyzer  is  shipped  from  the 
factory,  it  meets  the  specifications  listed  in  Table  1-1. 

1-14.  SAFETY  CONSIDERATIONS 

1-15.  The  Model  4192A  LF  Impedance  .Analyzer  has 
been  designed  to  conform  to  the  safety  requirements  of 
an  lEC  (International  Electromechanical  Committee) 
Safety  Class  1  instrument  and  is  shipped  from  the  factory 
in  a  safe  condition. 

1-16.  This  operating  and  service  manual  contains  in¬ 
formation,  cautions,  and  warnings  which  must  be  followed 
by  the  user  to  ensure  safe  operation  and  to  maintain  the 
instrument  in  a  safe  condition. 


StctkMi 
Paragraphi  MO  to  1-21 

1-17.  INSTRUMENTS  COVERED  BY  MANUAL 

1-18.  Hewlett-Packard  uses  a  two-section  nine  character 

serial  number  which  is  stamped  on  the  serial  number 
plate  (Figure  1-2)  attached  to  the  instrument’s  rear-panel. 
The  first  four  digits  and  the  letter  are  the  serial  prefix  and 
the  last  five  digits  are  the  suffix.  The  letter  placed  be¬ 
tween  the  two  sections  identifies  the  country  where  the 
instrument  was  manufactured.  The  prefix  is  the  same  for 
all  identical  instruments;  it  changes  only  when  a  change  is 
made  to  the  instrument.  The  suffix,  hov/ever,  is  assigned 
sequentially  and  is  different  for  each  instrument.  The 
contents  of  this  manual  apply  to  instruments  with  the 
serial  number  prefix(es)  listed  under  SERIAL  NUMBERS 
on  the  title  page. 

1-19.  An  instrument  manufactured  after  the  printing  of 
this  manual  may  nave  a  serial  number  prefix  that  is  not 
listed  on  the  title  page.  This  unlisted  serial  numbei  pre¬ 
fix  indicates  the  instrument  is  different  from  those 
described  in  this  manual.  The  manual  for  this  new  instru¬ 
ment  may  be  accompanied  by  a  yellow  Manual  Changes 
supplement  or  have  a  different  manual  part  number.  This 
supplement  contains  “change  information"  that  explains 
how  to  adapt  the  manual  to  the  newer  instrument. 

1-20.  In  addition  to  change  information,  the  supplement 
may  contain  information  for  correcting  errors  (called 
Errata)  in  the  manual.  To  keep  this  manual  as  current 
and  accurate  as  possible.  Hewlett-Packard  recommends 
that  you  penodically  request  the  latest  Manual  Changes 
supplement.  The  supplement  for  this  manual  is  id.-ntified 
with  this  manual’s  print  date  and  part  number,  both  of 
which  appear  on  the  manual’s  title  page.  Complimentary 
copies  of  the  supplement  are  available  from  Hewlett- 
Packard.  If  the  senal  prefix  or  number  of  an  instrument 
is  lower  than  that  on  the  title  page  of  this  manual,  see 
Section  Vn.  Manual  (Changes. 

1-21.  For  information  concerning  a  serial  number  pre¬ 
fix  that  IS  not  listed  on  the  title  page  or  in  the  .Manual 
Change  supplement,  contact  the  nearest  Hewlett-Packard 
office. 


Figurv  1-Z  S*fi*l  Number  Plata 
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Tabi*  M.  Spadficatiom  (Shaat  1  of  12) 


COMMON  SPECIFICATIONS 

(Amplituda-Phasa  and  Impadanca  Maaiuramants) 

INTERNAL  SYNTHESIZER  : 

Output  from  OSC  OUTPUT  (Hcun)  terminal 

Fraquancy  Ranga : 

5.000  Hz  to  13.000000  MHz 

Fraquancy  Rasolution  : 

ImHz  (5Hz  to  lOkHz),  lOmHz  (lOkHz  to  lOOkHz),  lOOmHz  (lOOkHz  to 
IMKz),  1  Hz  (1  MHz  to  13  MHz) 

Fraquency  Accuracy  : 

±  50  ppm  (23‘’C  ±  5‘’C) 

OSC  Laval  Ranga  . 

Variable  from  5mVrms  to  l.lVrms  (when  terminated  by  50n  in  amplitude- 
phase  measurements  or  UNKNOWN  terminals  are  open  in  impedance  measure¬ 
ments). 

OSC  Laval  Rasolution  ; 

OSC  Level  Accuracy : 

lmV(5mV  to  lOOmV).  5mV  ( lOOmV  to  I.IV) 

- i 

1 

OSC 

Level 

Measuring  Frequency 

^lOOmV 

>  lOOmV 

5Hz~  IMHz 

(5  +  10/f)7<  +2mV 

(5+  lO/n^c  +  lOmV 

1  MHz -13MHz 

i 

(4+1.5F)''c +  2mV 

1 _ 

(4  +  1.5Fi"c  +  lOmV 

f:  measuring  frequency  (Hz).  F:  measuring  frequency  (MHz). 


Output  Resistance  : 

50n  (amplitude/phase  measurements).  100S2  (impedance  measurements,^  38kHz) 
lOOn  to  lOkn  (impedance  measurements,  <  38kHz.  depends  on  measuring 
range). 

Level  Monitor  (impedance  measurement)  Measures  and  displays  the  voltage  across-  or  current  through  the 

device  under  test. 

Fraquency  and  Level  Control : 

Set  via  the  front-panel  numeric  keys  or  HP-IB;  auto  sweep  (except  for  level)  or 
manual  sweep. 

EXTERNAL  SYNTHESIZER  : 

Connected  to  the  VCO  INPUT  connector  on  the  rear-panel  (HP3325A  Syn¬ 
thesizer  or  equivalent  is  recommended). 

Fraquency  Ranga : 

40.000005  MHz  to  53 MHz  (measuring  frequency  is  equal  to  the  frequency  of 
the  external  synthesizer  minus  40MHz  (5Hz  to  13MHz] ). 

Required  Signal  Laval : 

OdBm  to  3 dBm 

Sote.  Frequency  of  the  4J92A  internal  synthesizer  should  be  set  to  the  frequency  of  the  external  synthesiser 
minus  40MH2,  and  the  internal  and  external  synthesizers  should  be  phase-locked. 

M 
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EXT  REFERENCE  INPUT  CONNECTOR  :  Can  be  connected  to  a  IMHz/IOMHz  high  stability  reference  signal 

(- 1  dBm  to  +5 dBm)  to  improve  the  stability  of  the  internal  synthesizer. 

input  Rosistanco  .  Approximately  500 


input  Rasistanca  . 
MEASURING  MODE  : 

Spot  Maasuramant . 
Swapt  Maasuramant  - 

Sweap  Moda  : 

X10  STEP  : 

PAUSE  Kay  . 

SWEEP  ABORT  Key 


At  specific  frequency  (or  dc  bias*) 

Between  START  and  STOP  frequencies  (or  dc  bias*).  Sweep  can  be  automatic 
or  manual. 

Linear  sweep  mode  (sweeps  at  specified  step)  and  logarithmic  sweep  mode  (20 
measurement  points  per  frequency  decade). 

.Multiplies  the  specified  frequency /dc  bias*  step  by  10  in  linear  manual  sweeps. 
Temporarily  stops  swept  measurements. 

.Makes  sweep  cancellation. 


•  :  DC  bias  sweeps  can  be  made  for  impedance  measurements  only. 


RECORDER  OUTPUT  . 


Maximum  Output : 
Output  Voltage  Accuracy 


DC  outputs  proportional  to  measured  values  of  DISPLAY  A.  DISPLAY  B.  and : 
measuring  frequency  or  dc  bias.  PEN  LIFT  output  and  X*Y  recorder  scaling 
outputs  are  provided. 

±1V 

±  (0.5~f  of  output  voltage  +  20  mV). 


FIVE  NONVOLATILE  STORAGE  REGISTERS  .  .Memorize  five  complete  instrument  measurement  configurations. 

Measurement  configurations  can  be  set  from  the  front-panel  from  the  HP-IB. , 

i 

or  both.  i 


HP-IB  INTERFACE 


Interface  Capability  - 
Remote  Control  Function 
Data  Output : 


Data  output  and  remote  control  via  the  HP-IB  (based  on  IEEE-Std-488  and  j 
ANSI-MCII.  j 

SHI.  .AHl.  T5.  L4.  SRI.  RLl.  DCl.  DTI.  El. 

All  front-panel  functions  except  LINE  ON/OFF  switch  and  XIO  STEP  key.  j 
Measured  values  of  DISPLAY  A,  DISPLAY  B,  and  measuring  frequency  or  dc  j 


SELF  TEST  : 


Performs  the  4192A  basic  operation  checks  and  displays  the  test  results  when 
power  is  turned  on  or  when  the  SELF  TEST  mode  is  set  by  the  SELF  TEST  key 
or  via  HP-IB. 


TRIGGER  : 


Internal,  External,  Hold/Manual,  or  HP-IB  remote  control. 
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AMPLITUOE/PHASE  MEASUREMENTS 


Measures  DISPLAY  A  parameters  and  DISPLAY  B  parameters  simultaneously  in 
the  parameter  combination  listed  below.  Deviation  measurement  (A)  and 
percent  deviation  measurement  (&.%)  can  be  performed  for  all  measurement 
parameters. 


DISPLAY  A  Function 


B  -  A  (dB)  :  Amplitude  ratio 


A  (dBm/dBV)  :  Absolute  amplitude  of  Reference  Input 


B  (dBm/dBV)  ;  Absolute  amplitude  of  Test  Input 


DISPLAY  B  Function 


Group  delay  (s) 


6  (deg/rad) :  Phase  Difference 


REFERENCE  AMPLITUDE  : 


OdBv  =  1  Vrms.  OdBm  =  1  mV  (into  50f2) 


OSC  OUTPUT  CONNECTOR  OUTPUT  IMPEDANCE  .  50fi  +  -  8~  (at  50 Hz  to  5MHz).  50n  ±  lO'^e  (at  5Hz  to 

13  MHz). 


CHANNEL  A  AND  B  : 


Input  Impedance  :  1  .Mf2  t  2?c.  shunt  capacitance  25  pF  t  5pF 

Maximum  Input  Voltage  :  2Vrms/±35  V  DC  Max. 


DISPLAY  RANGE  AND  RESOLUTION:  In  NORMAL  or  AVERAGE  measurement  mode  (Measuring  resolution  de¬ 
creases  one  digit  in  HIGH  SPEED  measurement  mode. 

B  -  A  :  0  to  ±100dB.  0.001  dB  «  20dB),  0.0 IdB  (>  20dB)  resolution 

6  ■.  0  to  ±180°  (0  to  ±  r  radian),  0.01°  resolution 

Group  Delav  (Tf)  :  0.  Ins  to  19.999s,  0.1ns  maximum  resolution 

A,  B  .  +0.8dBV  to  -  lOOdBV.  +13.8dBm  to  -87dBm,  O.OOldB  (>  -20dB),  O.OldB  (g-20.dB) 

resolution 
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MEASURING  ACCURACY  -  Specified  at  measuring  terminals  when  the  following  conditions  are  satisfied: 

(1)  Warmup  Tima  .  >  30  minutes 

(2)  Ambient  Temperature  :  23^C  t  S°C  (error  limits  double  for  O’C  to  SS‘’C  temperature  range). 

(3)  Measuring  Speed  ;  NORMAL  or  AVERAGE  mode. 

Sole:  Additional  errors  due  to  the  power  splitter,  feedthrough  termination,  etc.,  are  to  be  added  to  spectfi- 
LCtions  given  here. 

The  measurement  accuracy  of  each  parameter  is  given  below.  The  accuracy  depends  on  input  absolute  level  of 
each  channel  and  the  measuring  frequency. 

B-A  and  d  Measurements  Accuracies  :  Accuracies  are  the  sum  of  each  channel  accuracy  given  in  the  table 

below.  For  example,  when  the  frequency  is  1  kHz,  A  channel  is  -  ISdBV  and  B 
channel  is  -25dBV;  the  uncertainty  contributed  by  each  channel  to  the  B-A 
error  is  O.OldB/O.OS*’  and  0.05dB/0. 15“,  respectively.  Therefore,  the  final  ac¬ 
curacy  of  0.06dB/0.2*  is  given  by  the  accuracy  of  both  channels. 

Group  Dalay  Measurements  Accuracy  :  Accuracy  is  derived  from  the  folio V'ltig  equation  (phase  accuracy 

and  A0b  are  read  from  the  table  below): 

group  delay  accuracy  (s) 

where.  A^a  ^  Channel  A  phase  accuracy  (degree) 

A^b  ■  Channel  B  phase  accuracy  (degree) 

AF  :  Step  Frequency  (Hz) 


®  -10 


c  -20 

fj 

t  -30 


“  -40 

0 


V 

=  -60 


(0.008+0. 2/f)dB 
(0.04+1/f)’ 

(0.047+0. 2/f)dB 
(0.13+2/f)° 

(0.05+1/f)dB 

(0.14+6/f)° 

(0.05+3/f)dB 

(0.15+15/f)° 

{0.1+10/f)dB 

(1+50/f)° 

(0.45+25/f)dB 

(4+100/f)° 

(1.5+50/f)dB 

(12+300/f)® 


O.OIdB 

0.045dB 

O-OS® 

0.08° 

O.OSdB 

O.OSdB 

0.15° 

0.25 

0.06dB 

0.12dB 

0.2° 

0.3° 

O.OSdB 

0.14dB 

0.3° 

0.6° 

(0. 025+0. 02F)dB 
O.OBF' 

(0.04i-0.04F)dB 
(0.05+0. 2F)° 

(0.06+0. 06F)dB 
(0.05+0.25F)° 

(0.07+0. 07F)dB 
(0.3+0.3F)° 

(0.1+0.1F)dB 

(1+0.5F)° 

(0.4+0. 3F)dB 
(4+F)° 

(1+F)dB 

(13+2F)'’ 


f  :  measuring  frequency  (Hz) 

F  .  measuring  frequency  (MHz) 
Equations  in  table  represent: 

A.  B  accuracy 
B  accuracy 


Unspecified 


100  10k  IM 

Measuring  Frequency  (Hz) 


Input  Ahsultile  Level  of  Luch  Channel  (dBVl 
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Abiolutt  Amplitudt  (A,  B)  Accuracy  ;  Accuracy  is  given  in  the  table  below.. 
♦0.8 

-10 
-20 
-30 
-40 
-50 
-60 
-70 
-80 
-90 
-100 

5  100  IM  13‘-' 

.Measuring  Frequency  (Hz) 


(0.4+l/f)dB 

0.4dB 

(0.4+0.08F)dB 

{0.5+ll/f)dB 

0.6dB 

(0.5+0. 18F)dB 

(0.85+26/f)dB 

l.ldB 

{0.8+0.38F)dB 

(i.9+51/f)dB 

2,4dB 

(1.4+1.08F)dB 

Unspecified 

t  —  — . .  -I - r 


f.  measuring  frequency  (Hz) 

F  :  measuring  frequency  (MHz) 
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IMPEDANCE  MEASUREMENTS 

Measures  DISPLAY  A  parameters  and  DISPLAY  B  parameters  simultaneously  ir. 
the  parameter  combinations  listed  below.  Deviation  measurement  (A)  and 
percent  deviation  measurement  (A7r.)  can  be  performed  for  all  measurement 
parameters. 


DISPLAY  A  Function 

IZl  .  Absolute  Value  of  Impedance 
lYI  ;  Absolute  Value  of  Admittance 
R  .  Resistance 
G  .  Conductance 

L  ;  Inductance 
C  .  Capacitance 


DISPLAY  B  Function 

$  (deg/rad)  :  Phase  Angle 


X 

Reactance 

t 

B 

Susceptance 

Q 

Quality  Factor 

D 

Dissipation  Factor 

R 

Resistance 

G 

Conductance 

EQUIVALENT  CIRCUIT  MODE  ;  .Auto,  (Series),  and  (Parallel).  !Z!.  R.  and  X  are  measured  r. 

•-C>wv«  mode;  and  iYi,  G.  and  B  in  mode. 


DISPLAY 


•Ma.ximum  44  digits  in  NOR.MAL  or  .\VER.AGE  measurement  mode,  ma.’cimur. 
34  digits  in  HIGH  SPEED  measurement  mode.  Number  of  display  digits  de¬ 
pends  on  OSC  level,  measunng  range,  and  measuring  frequency. 


RANGING 


.AUTO  or  MANUAL  for  impedance  (  IZ!  i  admittance  (IYI)  measured  value. 


MEASUREMENT  TERMINAL  ;  4-terminai  pair  configuration 


AUTOMATIC  ZERO  ADJUSTMENT  ;  Residual  impedance  (R  +  jX)  and  stray  admittance  (G  +)B)  of  the  test  fixture 

are  measured  at  a  frequency  selected  by  the  operator.  These  values  are  then 
stored  and  used  as  offset  data  for  subsequent  measurements.  The  stored  offset 
values  are  converted  and  applied  to  other  measurement  frequencies  (refer  to 
paragraph  3-79). 


Sactioal 
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MEASURING  RANGE  AND  RESOLUTION  ;  Accuracy  is  spedfied  at  UNKNOWN  terminals  under  the  following 

conditions; 

(1)  Warmup  Tima  :  ^  30  minutes 

(2)  In  Floating  Maaiuramants  :  (see  Table  1-2  for  speciHcs  on  low-grounded  measurements) 

(3)  Maaiuring  Fraquancy  :  At  the  frequency  of  the  zero  offset  adjustment 

(4)  Ambiant  Tamparatura  :  23“C  t  S^C  (error  limits  double  for  temperature  range  of  0®C  to  SS^C) 

(5)  CABLE  LENGTH  :  At  0  position 

16)  Measuring  Speed  :  NORMAL  or  AVERAGE  mode 

(7)  In  the  tables,  (  |  area  ;  Accuracy  is  not  guaranteed.  j 

area  ;  Accuracy  cannot  be  specified. 


B  =  1  + 


;  use  the  left  graph  (below) 


C  =  — :  use  the  right  graph  (below) 

where  7  ;  OSC  LEVEL  (V) 

f  :  .Measuring  frequency  (Hz) 

F  :  .Measuring  frequency  (MHz) 


Sm  10m 


OSC  LEVELiV) 


5m  10m 


OSC  LEVEL (V) 


I 
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Zl-d  and  R-X  Maasurtmants  : 

Maasuring  Ranga : 


Parameter 

Measuring  Ranga 

Maximum  Resolution 

IZI*  R  -  X 

0.000  lf2  to  1 2. 999  M 12 

loopn 

6 

-180.00“  to +180.00“ 

0.01“ 

Measurement  Accuracy  :  Refer  to  the  table  below  (specified  by  ZY  RANGE).  However.  R  and  X  ac¬ 

curacy  depends  on  the  value  of  D  as  follows; 


D  <  1 

1  <  D  <  10 

10 

R 

.Accuracy  of  R  is  equal  to  the  accuracy  of 
X.  in  number  of  counts,  as  calculated  from 
the  table  below. 

Two  times  error  given  in  the  table  below. 

Table 

below 

X 

Table  below. 

Accuracy  of  X  is  equal  to  the  accuracy  of  R.  in 
number  of  counts,  as  calculated  from  the  table  be¬ 
low. 
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_ _j 

Measuring  Frequency  (Hz) 

(I,  *  ,  DispUy.d  IZI.RorX(0). 

'  IZI  Range  full  scale  (12) 

(2)  Equations  in  table  represent : 


1 Z I .  R,  X  accuracy  t  ±  (%  of  reading  +  number  of  counts)  1 
6  accuracy  { ±  (absolute  value)] 
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TabI*  1*1.  SpacifkatiOfM  (SliMt  9  of  12) 


lYI  -9  and  G-B  Measurements 
Measuring  Range : 


Parameter 

lYI.  O,  B 


Measuring  Ranga 

001  mS  ~  129.99 

OA  AA®  It  OA  r 


Maximum  Resolution 


129.99S 

InS 

+180.00“ 

0.01“ 

Measurement  Accuracy  :  Refer  to  the  table  below  (specified  by  ZY  RANGE).  However.  G  and  B  accuracy 

depends  on  the  value  of  D  as  follows; 


D  <  0.1 


Accuracy  of  G  is  equal  to  the  accuracy  of  B.  in 
G  number  of  counts,  as  calculated  from  the  table 
below. 


1  <  D 


Table  below 


Two  times  7c  error  given  in  ®  of  G.  in 

the  table  below.  number  of  counts,  as  calculated  from  the  table 

below. 


O.J'  3  •  3 
:C  Ijf  •  ir.'B* 


0  ijr  .  ^l)9‘ 


too  6c  m 

Measuring  Frequency  (Hz) 

.  Displayed  iYI.  G  or  B  (S)  . 

'  '  lYl  Range  full  scale  (S) 

(2)  Equations  in  table  represent  : 


I Y I ,  G,  B  accuracy  [  t  (%  of  reading  +  number  of  counts)  ] 
9  accuracy  ( ±  (absolute  value)] 


M2 


Range  <  il ) 


Mod«l4l92A 


L-Q,  0,  R,  G  Mtaiurtmtnts 
Mtasuring  Rangt : 


Section  i 
TiMc  M 


Measuring  Accuracy  ; 


Tabit  t-1.  Spadfieatiom  (SfMtt  10  of  12) 


Refer  to  R/X  or  G/B  measurements  for  R  and  G  accuracy. 

Paramettr  Measuring  Range  Maximum  Resolution 

L*  0.0 1  nH  ~  l.OOOOkH  lOpH 

D  0.0001  -  19.999  0.000 1 

Q _ 0.1  -  1999.9 _ OJ _ 

•  :  Depends  on  ZY  RANGE  and  measuring  frequency  (refer  to  paragraph  3-71 ). 

Reter  to  the  table  below  (specified  by  ZV  R.\.NGE). 


:o.7i  ♦  I  {  )  •  o.w  .; 

♦  ”)c  ]  JX  ♦  5 

(a.J07  -  ^21;b  .  1^2 

(1  •  0.01  :i  *  ^  c{ 

(1)  A  = 


Measuring  Frequency  (Hz) 

2tr  X  Measuring  frequency  i  Hz)  X  Display  ed  L  ( Hi  . 


Z I  Range  full  scale  ( Q ) 

(2)  Equations  in  table  represent  (at  D  <0.1)‘: 


L  accuracy  [  ±  of  reading  +  number  of  counts)] 
D  accuracy  [  t  (absolute  value)] 


(3)  If  0. 1  <  D  <  1 .  double  the  ^  error  for  ail  values  of  L. 

(4)  If  D  >  0. 1 .  multiply  error  of  D  by  ( 1  +  D)^ . 


in  the  table. 


I Y I  Range  (S) 


StctkMil 
Tabit  M 
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TiMt  1-1.  SpwifiMtiom  (ShMt  11  of  12) 


C—Q,  0,  ft,  Q  MMsurmonts  :  to  ft/X  or  G/B  measuitments  for  R  and  G  accuracy. 

MMSuring  Rangt : 


Paramotar 

C* 

D 

Q 


Maaniramant  Ranga 

0,0001nF  -  100.00inF 
0.0001  -  19.999 
0.1  -  1999.9 


Maximum  Raaolution 
0.1  pF 
0.0001 
0.1 


*  :  Dcpends’on  ZY  RANGE  and  measuring  frequency  (refer  to  paragraph  3-71). 
Maasuramant  Accuracy  :  Refer  to  the  table  below  (specified  by  ZY  RANGE). 


ko..’B  •  I  M  •  ...  3 
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[0.18  ‘  I  jl  •  0.02  11  •  j)c)  )i  •  3 

(0  0009  ♦  »  0.04  (1  •  2j^)c) 

[9  18  •  J  |l  •  0.34  il  .  2ji)c)  ].  *  3 

•:  :oo9  •  .  LOj  .  o  04  (i  •  2A)c) 

[■,3  ••  •  3  2A)B  •  :-  {  •  3  '34  11  •  2A)C  f  ]  ♦  1 
0,3009  ►  iijsi'B  •  2.^  {  i  .  o.04  (1  •  2A)C) 

(0.1  •  0.2A;8.  •  ■ 

tO.0009  ♦  3 

[  0.2  ♦  0.iA)8  »  7  •  3,04  (1  •  20AiC}  Jl  ♦  I 

3.302  •  0.0044)8  •  ^^{l  •  0.04  (1  ♦  20A)C} 

(0.2  •  0.5A)B;  •  1 

(0.002  •  3.304A,8 

0.1  ♦  o.orr .  :.o24r*)B*.  ♦  j 
J.OO:?  •  .  O.OOClf  •  0.0CC3F')8 


400  ;£k  '.N 

Measuring  Frequency  (Hz) 

...  .  _  2ff  X  Measuring  frequency  (Hz)  X  Displayed  C (F) 

I YI  Range  full  scale 

(2)  Equations  in  table  represent  (at  D  ^  0. 1 ) : 

C  accuracy  (±  (%  of  reading  +  number  of  counts)] 
D  accuracy  [±  (absolute  value)] 

(3)  If  0. 1  <  D  <  1 .  double  the  %  error  for  all  values  of  C. 

(4)  If  D  >  0. 1 ,  multiply  error  of  D  by  ( 1  +  D)* . 
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Tabic  M.  Spadficatiom  (Stiaat  12  of  12) 


DC  BIAS  .  Valid  for  impedance  measurements  only. 

Voltage  Range  .  -35  V  to+35V.  lOmV  steps 

Setting  Accuracy  (at  23‘’C  ±  B^C)  ;  ±  (0.5%  of  setting  +5  mV) 

Output  Resistance  ;  1  lOf)  to  1 1  kH  ±  10%  (depends  on  measuring  range) 

Maximum  Output  Current ;  Varies  with  measuring  frequency  and  range. 

Floating  measurements  -  30mA  max. 

Low-grounded  measurements  -  5  mA  max. 

Control  :  Front-panel  numeric  keys  or  HP-IB  remote  control 

GENERAL 

OPERATING  TEMPERATURE  : 

0°C  to  55“C 

RELATIVE  HUMIDITY  : 

^95%  at  40‘’C 

POWER : 

100.  120.  :20V  ±  10%.  240V  +  5  V-  10%.  48 Hz  to  66 Hz,  power  consumption 
lOOVA  maximum. 

DIMENSIONS  : 

425.5  mm  (W)  X  230mm  (H)  X  574mm  (D- 

WEIGHT  : 

Approximately  19  kg 

FURNISHED  ACCESSORIES  AND  PARTS  :  16047A  Test  Fixture,  1 1048C  50f2  Feedthrough  Termination  (2  ea.). 

Splitter  (HP  Part  No.;  11652-60009,  Nominal  SOD),  Power  Cord  (HP  Part  No.: 
8120-1378). 

OPTIONS 

OPTION  907  : 

Front  Handle  Kit  (HP  Part  No.:  5061-0091) 

OPTION  908  : 

Rack  Flange  Kit  (HP  Part  No.:  5061-0079) 

OPTION  909  : 

Rack  and  Handle  Kit  (HP Part  No.:  5061-0085) 

OPTION  910 : 

Extra  Manual 

Sactiool 
Tabic  M 


S*ctk>n  I 
Tabitl-2 


Model4192A 


Tabto  1-2.  Q«wral  Infomiation  (ShMt  1  of  2) 


GENERAL  INFORMATION 

(Tho  following  information  is  raferanco  data  and  not  guarantoad  spacifications.) 

TYPICAL  MEASUREMENT  ACCURACY  ; 

Impadanca  Maaiuramant  (Floating)  : 

Accuracy  when  CABLE  LENGTH  is  1  m  :  2.5  times  percent  error  for  frequencies  above  1  MHz. 

L  C  accuracy  for  D  >  1  :  ( 1  +  DM  times  accuracy  specifications 

Low  Grounded  Impedance  Measurement  Accuracy  : 

To  obtain  low  grounded  measurement  accuracy,  add  the  accuracy  for  floating 
impedance  measurements,  given  in  the  preceding  tables,  to  the  additional  error 
given  in  the  figure  below.  Compensation  for  residual  impedance  ( ^  9pF  at 
<  600kHz  or  approximately  20kO  at  ^  600kHz)  must  also  be  made  using  | 
the  4l92A’s  zero  offset  adjustment  function. 


^  aft  ^ 
La  ?  S 

2  iS  — 


lOQuS.lOuS 

<:0mV  10kft,1mS 


^cr 

•>/  Tokr..lr.S 


^  .s: 

<  .-  to 

—  -g  c 

^  <  i 


ZIZ 

V  ’snqe 

ry. 

lOmS-.lOS 

— 

MEASURING  SPEED  : 


3.0 

V) 

Vl 

1.0: 

3 

H 

I 

300m 

3 

vt 

3 

100m 

z 

30m 

Measunng  Frequency  (Hz) 

Refer  to  the  figure  below  (at  fixed  me.Tsuring  frequency,  measurement  range  and 
OSC  level  for  impedance  measurement).  Specific  information  is  provided  in 
p?ragraph  3-SS  for  amplitude/phase  measurements  and  in  paragraph  3-89  for  im¬ 
pedance  measurements.  Speed  in  .AVERAGE  mode  is  approximately  7  times 
that  for  NORMAL  mode. 


High  Speed 
Normal  Speed 


High  Speed 
Normal  Speed 


IK  lOOK 

Measuring  Frequency  (Hz) 
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Section  I 
Table  I-: 
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TM)M  1*2.  Giddral  lnfonn«tion  (Stiwt  2  of  2) 


FREQUENCY  SWITCHING  TIME  :  Approximately  SOms  to  6Sms 


ZY  RANGE  SWITCHING  TIME  :  Approximately  35ms  to  SOms  per  range  (at  >  400 Hz) 

OSC  LEVEL  SWITCHING  TIME  :  Approximately  65ms 

DC  BIAS  VOLTAGE  SETTLING  TIME  :  Approximately  (0.4  X  AV  +  10)  ms  where  AV  is  the  voltage  change  (V). 

LEVEL  MONITOR  RANGE  AND  ACCURACY  :  At  :3“C±  5®C 


Range 

Accuracy  (%  of  reading  +  count) 

5mV  -  I.IV 

<  lOOHz  :  (4+10/0%+  1 

lOOHzto  IMHz  :  49c  +  \ 

>  IMHz  :  (4  +  0.8F)%+  1 

1 M  ~  1 1  niA 

Voltage 


Current 


where  f  :  measuring  frequency  (Hz).  F  .  measuring  frequency  (MHz). 


TIME  REQUIRED  FOR  LEVEL  MONITOR  :  Approximately  IZOms 

1  MHz  REFERENCE  OUTPUT  :  Square  wave.  ^  1  6  Vp-p 

Output  Resistance  :  Approximately  50n 


SMtkM  I 

Paragraphs  1-22  to  I  >29 

1-22.  OPTIONS 

1*23.  Options  are  modifications  to  the  standard  instru¬ 
ment  that  implement  the  user’s  special  requirements  for 
minor  functional  changes.  The  4I92A  has  four  options 
as  listed  in  Table  1-3. 


Tabit  1-3.  Available  Options 


Option 

Numbtr 

Daicription 

907 

Front  Handle  Kit. 

908 

Rack  Flange  Kit. 

909 

Rack  Flange  and  Front  Handle  Kit. 

910 

Extra  Manual 

1-24.  The  following  options  provide  the  mechanical 

parts  necessary  for  rack  mounting  and  hand  carrying: 

Option  907:  Front  Handle  Kit.  Furnishes  carrying 
handles  for  both  ends  of  front-panel. 

Option  908:  Rack  Flange  Kit.  Furnishes  flanges  for  rack 
mounting  for  both  ends  of  front-panel. 

Option  909:  Rack  Flange  and  Front  Handle  Kit.  Fur¬ 
nishes  both  front  handles  and  rack  flanges 
for  instrument. 

Installation  procedures  for  these  options  are  detailed  in 

Section  H. 


Model  4|9:a 

f-2S.  Option  910  adds  an  extra  copy  of  the  Operation 
and  Service  Manual. 

1-26.  ACCESSORIES  SUPPLIED 

1-27.  The  HP  Model  4192A  LF  Impedance  Analyzer, 
along  with  its  furnished  accessories,  is  shown  in  Figure 
1-1.  The  furnished  accessories  are  also  listed  below. 

1 6047 A  Test  Fixture 
1 1 048C  5012  Feedthrough  ( 2  ea.) 

Power  Splitter  (HP  Part  No.:  11652-60009) 
BNC  Adapter  (HP  Part  No.:  1250-0216) 
11170A  BNC  Cable  (2  ea.) 

Power  Cable  (HP  Part  No.:  8120-1378) 

1-28.  ACCESSORIES  AVAILABLE 

1-29.  For  certain  measurements  and  for  convenience  in 
connecting  samples,  ten  types  of  accessories  are  available. 
Each  accessory  is  designed  to  meet  the  various  measure¬ 
ment  requirements  and  types  of  DUT.  All  accessories 
were  developed  with  careful  consideration  to  accuracy, 
reliability,  and  ease  of  measurement.  A  brief  description 
and  photo  of  each  available  accessory  is  given  in  Table 
1-4. 
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Tektronix  468  Digital  Storage  Oscilloscope 


The  following  is  an  excerpt  of  Tektronix  Digital  Storage  Oscillo- 
$eope,  Model  468,  Instruction  Manual,  Service  Vol.  1,  June  1982. 


•  Ibkfcronbc- 

OOMMrrTEO  TO  EXCaiENCC 


WARNING 

THE  FOLLOWING  SERVICING  INSTRUCTIONS 
ARE  FOR  USE  BY  QUALIFIED  PERSONNEL  ONLY. 
TO  AVOID  PERSONAL  INJURY,  DO  NOT 
PERFORM  ANY  SERVICING  OTHER  THAN  THAT 
CONTAINED  IN  OPERATING  INSTRUCTIONS 
UNLESS  YOU  ARE  QUALIFIED  TO  DO  SO. 


PLEASE  CHECK  FOR  CHANGE  INFORMATION 
AT  THE  REAR  OF  THIS  MANUAL. 


468 

DIGITAL  STORAGE 
OSCILLOSCOPE 

SERVICE 
VOLUME  I 


INSTRUCTION  MANUAL 


S«rial  Number _ 

First  PrMtngAUQ  1900 
Revised  JUN 1902 


l“46t  Smriet  VqIiiim  I 


SPECIFICATION 

INTRODUCTION 


Th«  TEKTRONIX  468  Oscilloscope  is  a  portable  digital  storage  oscilloscope  with  a  four-trace.  dc-to-1C0  MHz,  veaicai 
defleaion  system.  The  468  combines  an  easy-to-use  storage  function  with  cursor  measurement  of  time  and  voltage.  Measure¬ 
ment  values  are  indicated  on  a  four-digit,  seven-segment  LED  display. 


NON  STORE  MODE 


in  the  NON  STORE  mode,  the  468  operates  as  a  con¬ 
ventional  oscilloscope  that  can  display  CH  1,  CH  2,  AOO, 
and  A  TRIG  VIEW  (external  trigger  only)  simultaneously. 
The  vertical  deflection  system  has  calibrated  deflection 
factors  ranging  from  5  mV  to  5  V  per  division.  The  hori¬ 
zontal  deflection  system  has  calibrated  A  Sweep  rates  from 
0.5  s  to  0.02  ns  per  division  and  is  capable  of  operating  in 
the  following  sweep  modes;  A,  A  intensified  by  B,  A  alter¬ 
nated  with  delayed  B,  and  B  delayed.  The  calibrated  B 
Sweep  rates  are  from  50  ms  to  0.02  us  per  division. 

The  horizontal  magnifier  circuit  feature  increases  each 
sweep  rate  by  a  factor  of  10.  This  provides  a  maximum 
sweep  rate  of  2  ns  per  division  when  the  TIME/OIV  switch 
is  in  the  0.02  ps  per  division  position. 


STORAGE  MODE 

The  468  digital  storage  circuitry  has  a  10  MHz  Useful 
Storage  Bandwidth  for  the  acquisition  of  signals,  and  will 
display  the  acquired  waveform  with  a  bright,  flicker-free 
trace.  With  the  digital  storage  feature,  low-frequency  signal 
analysis  and  waveform  measurements-praviously  difficult 
or  impossible  to  make-are  easily  performed.  A  choice  of 
two  standard  and  one  optional  signal  acquisition  modes  are 
available:  NORM  and  ENVELOPE  (standard)  and  AVG 
(optional).  Two  storage  functions  are  available  to  hold  a 
display  indefinitely  for  measurement  and  comparison: 
SAVE  Storage  Mode  (stops  acquisition)  and  SAVE  REF 
(holds  a  reference  display  and  continues  acquisition  in  the 
selected  Storage  Mode),  Using  the  PRE  TRIG  or  POST 
TRIG  Storage  Window,  waveform  data  may  be  acquired 
prior  to  or  after  the  trigger.  Time  and  voltage  measurements 
on  the  acquired  waveform  are  easily  made  using  the  VOLTS 
and  TIME  Cursor  Functions,  and  the  measurement  values 
are  indicated  on  a  four-digit,  seven-segment  light-emitting 
diode  (LEO)  display. 


Digital  storage  adds  three  TIME/DIV  switch  positions, 
increasing  the  storage  time  base  to  5  s  per  division  (a  total 
sweep  time  of  SO  s).  The  waveshape  of  signals  acquired  at 
these  low  frequencies  would  be  impossible  to  view  on  a 
conventional  oscilloscope.  Digital  storage  circuitry,  how¬ 
ever,  constantly  refreshes  an  acquired  waveform  to  produce 
a  directly  viewable  display  for  ease  of  analysis  and  measure¬ 
ment.  Three  added  VOLTS/DIV  switch  positions  increase 
the  digital  storage  vertical  deflection  sensitivity  up  to  0.5 
mV  per  division.  Small-amplitude  signals  are  acquired  at  5 
mV  per  division  and  are  amplified  to  produce  the  added 
sensitivity. 


The  digital  storage  signal  acquisition  modes  are  NORM 
and  ENVELOPE  Storage  Modes  and  an  optional  AVG 
Storage  Mode.  Selecting  NORM  Storage  Mode  causes 
acquisition  and  display  of  a  new  waveform  with  each 
trigger.  The  display  in  this  mode  most  resembles  conven¬ 
tional  oscilloscope  displays,  and  waveforms  acquired  will 
react  to  the  oscilloscope  front-panel  controls  with  each 
trigger. 


When  ENVELOPE  Storage  Mode  is  chosen,  the  maxi¬ 
mum  and  minimum  waveform  values  for  a  selected  number 
of  sweeps  are  acquired,  and  the  resultant  waveform  enve¬ 
lope  is  displayed.  This  mode  is  useful  for  detecting  noise 
and  spurious  or  erratic  signals. 

Choosing  the  optional  AVG  Storage  Mode  allows  wave¬ 
forms  to  be  acquired  for  a  selected  number  of  sweeps  and 
causes  the  averaged  value  of  the  acquired  signals  to  be 
displayed.  In  this  mode,  signal-to-noise  ratio  is  improved  in 
direct  proportion  to  the  square  root  of  the  number  of 
sweeps  acquired,  and  noise  accompanying  the  signal  is 
either  averaged  out  or  reduced  to  a  small  level.  The  signal 
acquired  in  the  AVG  Storage  Mode  is  processed  to  increase 
the  vertical  resolution  of  the  displayed  signal.  This  feature 
is  very  useful  for  displaying  small-amplitude  signals 
acquired  in  the  0.5,  1,  and  2  mV  per  division  positions  of 
the  VOLTS/DIV  switch. 
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One*  lh«  dMirtd  signal  is  oMainad  in  storaga,  tha  signal 
acquisition  may  ba  halted  and  tha  display  frozen  by  select¬ 
ing  the  SAVE  Storage  Mode.  The  waveform  w«  remain  die- 
played  indefinitely  for  analysis  and  measurement  purpoees. 
In  the  SAVE  mode,  the  next  six  faster  positions  of  the 
TIME/OIV  switch  (if  available)  horizontally  expand  the  dis¬ 
play  (up  to  100  times).  Additionally,  signals  acquired  at 
sweep  rates  of  1  ms  per  division  or  faster  may  be  reduced 
back  to  the  2  MS  per  division  acquisition  rate. 

The  SAVE  display  may  also  be  expanded  vertically  (up  to 
10  times)  with  the  next  three  higher  deflection  sensitivity 
positions  of  the  VOLTS/OIV  switch  (if  available)  for  the 
channel  used  to  obtain  the  SAVE  display.  Signals  obtained 
m  the  NORM  or  ENVELOPE  Storage  Mode  at  VOLTS/DIV 
switch  settings  0.5, 1  or  2  mV  per  division  may  be  reduced 
back  to  the  5  mV  per  division  deflection  sensitivity  if  desired. 
The  SAVE  display  of  a  waveform  acquired  in  the  AVG  Stor¬ 
age  Mode  may  be  expanded,  but  it  may  not  be  reduced 
below  the  deflection  sensitivity  at  which  the  signal  was 
acquired. 

When  the  SAVE  REF  push  button  is  pressed  in,  the 
waveform  being  displayed  at  that  time  will  be  stored  and 
held  on  the  display  while  the  digital  storage  continues  to 
acquire  data.  The  SAVE  REF  display  is  then  available  for 
comparison  with  signals  obtained  from  other  circuits,  or  it 
can  be  used  as  a  before-and-after  check  on  circuit  operation 
when  changes  or  adjustments  are  made  to  the  circuit  under 
test.  A  new  reference  waveform  is  obtained  each  time  the 
button  is  released  and  then  pressed  in  again.  Displaying  the 
reference  signal  reduces  the  number  of  vertical  mode  possi¬ 
bilities  that  the  468  is  capable  of  displaying  simultaneously. 

The  time  window  used  to  obtain  a  stored  waveform  may 
be  set  to  acquire  either  aproximately  8.75  horizontal  divi¬ 
sions  of  waveform  data  occurring  before  the  triggering  sig¬ 
nal  (in  PRE  TRIG  Storage  Window)  or  the  same  amount  of 
waveform  data  occurring  after  the  triggering  signal  (in  POST 
TRIG  Storage  Window).  The  PRE  TRIG  feature  is  useful  for 
analyzing  events  that  might  cause  an  error  to  occur.  If  the 
oscilloscope  is  set  to  trigger  on  the  error,  data  immediately 
prior  to  the  error  is  stored  for  analysis.  POST  TRIG  Storage 
Window  most  resembles  conventional  triggering;  but  while 
conventional  oscilloscope  triggering  usually  starts  the 
sweep,  POST  TRIG  Storage  Window  triggering  does  not 
occur  until  approximately  1.25  horizontal  divisions  of  wave¬ 
form  data  are  acquired. 

Voltage  and  time  measurements  are  made  directly  on  the 
displayed  waveform.  Pressing  in  the  VOLTS  Cursor  Func¬ 
tion  push  button  causes  two  horizontal  lines  (VOLTS 
Cursors)  to  be  presented  on  the  display.  Only  one  cursor  at 
a  time  is  positionabie  using  the  CURSOR  control  knob.  The 
active  cursor  is  displayed  as  a  dashed  tine,  while  the  fixed 
cursor  is  a  solid  line.  Voltage  difference  (as  represented  by 
the  cursor  positions)  is  directly  read  on  the  seven-segment 
LED  display,  and  the  appropriate  measurement  scale  factor 
is  shown  on  the  three  dual-color  (red  and  green)  LED  indica¬ 


tors  to  the  right  of  the  aeverviegment  LED  dhpley.  Tane 
measurements  are  made  usir>g  two  bright,  poeitioneble  dots 
that  appear  on  the  trace  whan  the  TIME  Cursor  Function 
button  is  pressed  in.  The  TIME  cursor  dots  are  positioned  to 
the  desired  measurement  points,  and  the  time  (ffference  be¬ 
tween  the  dots  «  directly  reed  on  the  LED  display. 

A  COUPLED  V/T  measurement  mode  is  made  available 
by  pressing  in  both  the  VOLTS  and  TIME  Cursor  Function 
p^  buttons.  In  this  mode,  the  TIME  dots  attach  to  the 
VOLTS  cursors,  and  the  VOLTS  cursors  wW  never  be  dis¬ 
played  beyond  the  limits  of  the  waveform.  The  COUPLED 
vn*  mode  is  useful  for  slope,  peak-to-peak  amplitude,  and 
time  duration  measurements.  While  the  cursors  are  coupled, 
the  LED  readout  will  display  the  voltage  difference  between 
the  cursors. 

In  instruments  factory  equipped  or  converted  to  firmware 
version  2.0  or  higher,  the  COUPLED  V/T  mode  is  also  useful 
for  making  asolute  dc-voitage  measurements  with  respect 
to  ground. 


AVAILABLE  OPTIONS 


Option  02  IS  tha  General  Purpose  Interface  Bus  (GPIB), 
used  to  transmit  the  waveform  data  stored  m  the  display 
memory.  The  waveform  data  transmitted  will  conform  to 
the  Waveform  Transmission  Standard  as  specified  m  the 
Tektronix  Interface  Standard— General  Purpose  Interface 
Bus  (GPIB),  Codes  and  Formats. 


Option  12  IS  the  AVE  Storage  Mode.  This  option  will 
acquire  data  for  a  selected  number  of  sweeps  (from  2  to  256 
in  a  binary  sequence)  and  display  the  average  waveform 
accumulated. 


NOTE 

The  AVE  Storage  Mode  is  part  of  the  standard  instru¬ 
ment  above  SN  B032430. 


Option  04  (EMC  provides  additional  reduction  of  electro¬ 
magnetic  interference. 


Option  05  provides  the  instrument  with  front-panel  selec¬ 
tion  of  additional  trigger-signat  processing  capabilities  to 
facilitate  observation  and  measurement  of  composite  video 
and  related  television  waveforms. 


Option  11  enables  the  468  to  convert  the  digital  data 
stored  in  memory  into  analog  X  and  Y  outputs  for  driving 
an  X-Y  Plotter. 
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SPECIFICATION  TABLES 


The  following  eiectncal  characteristics  (Table  1-1)  are  valid  only  if  the  instrument  has  been  calibrated  at  an  ambient 
temperature  between  i-20*C  and  -1-30*0,  the  instrument  is  operating  at  an  ambient  temperature  between  -15*C  and 
-•-  55*C  (unless  otherwise  noted),  and  the  instrument  has  had  a  warmup  period  of  about  20  minutes. 


Environmental  characteristics  are  given  in  Table  1-2.  The  468  meets  the  requirements  of  MIL-T-288006,  Class  3,  Style  0 
equipment.  Physical  charactenstics  are  listed  in  Table  1-3.  and  option  electical  characteristics  are  presented  in  Table  1-4. 


Table  M 

Electrical  Characteristics 


Characteristics 

Performance  Requirements 

Supplemental  Information 

VERTICAL  SYSTEM 

Deflection  Factor  (Nonstorage  Mode)  | 

Range 

[ 

1 

1 

5  mV  per  division  to  5  V  per  division 
in  a  1-2-5  sequence  of  10  steps. 

DC  Accuracy 

Graticule  indication  is  within  3%  of  true 
input  voltage  up  to  ±12  divisions,  refer¬ 
enced  to  instrument  ground,  for  all 
calibrated  VOLTS/DIV  switch  settings. 

Gam  set  with  VOLTS/DIV  switch  set 
to  5  mV  per  division. 

Uncalibrated  (VAR)  Range  j 

(Nonstorage  Mode)  j 

Continuously  variable  between  settings  of  j 
VOLTS/DIV  switch.  Extends  deflection  i 
factor  to  at  least  12.5  V  per  division.  j 

1 

i 

1 

Low-Frequency  Linearity 

j 

1 

1 

0.1  division  or  less  compression  or 
expansion  of  a  2-divi$ion  signal  at 
center  screen  with  waveform  posi¬ 
tioned  to  upper  and  lower  extremes  of 
graticule  area. 

Frequency  Response 

Bandwidth  (Channel  1  and 

Channel  2  Nonstorage  Mode) 

-15®C  to +40‘’C 

Dc  to  at  least  100  MHz. 

5-division  reference  signal  from  a 

25-n  source;  centered  vertically,  with 
VAR  VOLTS/DIV  control  in  cali¬ 
brated  detent. 

-M|0®C  to  -t-55“C 

Oc  to  at  least  85  MHz.* 

AC  Coupled  Lower  -3  dB  Point 

IX  Probe 

10  Hz  or  less. 

10X  Probe 

1  Hz  or  less. 

Varformano*  raquirtment  not  chacfcad  in  manual. 
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Table  M  (cont) 


Charactarittks 

Parfonnence  Requirements 

Supplemental  Informetior; 

VERTICAL  SYSTEM  (cont) 

Step  Response  (Non-Storage  Mode) 

Rise  Time 

0“C  to  +40“C 

3.5  ns  or  less  (calculated).* 

5-division  reference  sigrtal,  dc  coupled 
at  all  deflection  factors,  from  a  25-^2 
source;  vertically  centered  with  VAR 
VOLTS/DIV  control  in  calibrated 
detent. 

0  35 

Rise  Time  » 

BW  (in  MHz) 

Positive-Going  Step  (Excluding 

ADD  Mode) 

Aberrations 

O^C  to  +40°C 

! 

! 

+4%,  -4%,  4%  p-p  or  less.  +6%,  -6%, 
6%  p-p  or  less  (5  V  setting  only). 

Position  Effect 

0°C  to  +40°C 

1 

Total  aberrations  less  than  +6%,  —6%, 
6%  p-p;  checked  at  5  mV  per  division. 

Negative-Going  Step 

Add  2%  to  all  positive-going  specifi¬ 
cations;  checked  at  5  mV  per  division. 

ADD  Mode  Operation 

i 

Add  5%  to  all  aberration  specifica¬ 
tions;  checked  at  5  mV  per  division. 

Common  Mode  Rejection  Ratio 
(ADD  Mode  With  Channel  2  Inverted) 

1 

i 

1 

1 

At  least  10' 1  at  20  MHz  for  common 
'  mode  signals  of  6  divisions  or  less  with 
,  GAIN  adjusted  for  best  CMRR  at 

50  kHz.  (10:1  at  10  MHz  for  storage 
mode.) 

- 1 - 

Trace  Shift  as  VAR  VOLTS/DIV  I  |  1  division  or  less.  Digital  Storage  scale- 

Control  Is  Rotated  i  factor  LED  will  indicate  voltage 


measurements  are  in  divisions  in  a 
storage  mode  with  the  VAR  control 
I  out  of  calibrated  detent. 


INVERT  Trace  Shift  j 

- ^ 

,  Less  than  2  divisions  when  switching 

j  from  non-inverted  to  inverted. 

Input  Gate  Current 

■t-20’C  to  ■^30°C 

i 

1 

i 

1 

0.5  nA  or  less  (0.1  division  or  less 
trace  shift  when  switching  input 
coupling  between  DC  and  GND  with 
VOLTS/DIV  switch  set  to  5  mV 
per  division).. 

-lE’Cto+EE^C 

4  nA  or  less  (0.8  division  or  less  trace 
shift  when  switching  input  coupling 
between  DC  and  GND  with  VOLTS/ 
DIV  switch  set  to  5  mV  per  division). 

*r«rfonnanc*  requirtmant  not  ehaefcad  in  manual. 
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Tabit  1-1  (cont) 


Charaetariitic* 

Parformanea  Raqulraments 

Supplemental  Informetion 

VERTICAL  SYSTEM  (cont) 

Channel  Isolation 

At  least  100:1  at  25  MHz  (10  MHz  in 
storage). 

Vertical  POSITION  Range 

At  least  +12  and  -12  divisions  from 
graticule  center. 

Chopped  Mode  Repetition  Rate 
(Nonstorage  Mode) 

Approximately  500  kHz. 

Within  20%. 

Input  R  and  C 

Resistance 

1  Mn,  within  2%.* 

Capacitance 

Approximately  20  pF.* 

R  and  C  Product  (+20°  C  to  +30°  C) 

_ 

Aberrations  2%  or  less  using  a  P6105 
probe. 

Maximum  Input  Voltage 

DC  Coupled 

250  V  (dc  +  peak  ac).®  j 

500  V  (p-p  ac  at  1  kHz  or  less).®  j 

AC  Coupled 

250  V  (dc  +  peak  ac).®  | 

500  V  (p-p  ac  at  1  kHz  or  less).®  ; 

1 

Cascaded  Operation 

i  CH  1  VERT  OUT  SIGNAL  OUT 
coupled  into  CH  2  input;  ac  coupled, 

■  using  50-Q,  42-inch  RG-58  C/U  cable, 

1  terminated  m  50  Cl  at  the  CH  2  input 
,  connector. 

Bandwidth  (Nonstorage) 

Dc  to  at  least  50  MHz. 

Cascaded  Sensitivity 

'  At  least  1  mV  per  division;  terminated  in 
j  50  ^2  at  the  CH  2  input  connector. 

i 

i _ _ 

DIGITAL  STORAGE  VERTICAL  ACQUISITION 

Resolution 

i 

1 

1  .... 

T - 

1  8  bits,  25  levels  per  division.  10.24 

1  divisions  dynamic  range. 

DC  Accuracy 

;  Scaled  binary  value  of  stored  digital  word 
is  within  3%  of  true  input  voltage  up  to 
i  i  1 2  divisions,  referenced  to  instrument 
j  ground,  for  all  calibrated  VOLTS/DIV 
switch  settings. 

1  Gain  set  with  VOLTS/DIV  set  to 

;  5  mV  per  division. 

1 

1 

! 

[ 

1 

Range 

1 

0.5  mV  to  5  V  per  division  in  a  1-2-5 
sequence  of  13  steps. 

Digital  Sample  Rate 

10  Hz  to  25  MHz  as  determined  by  the 
TIM  E/DI  V  switch  setting. 

*^«rfarmanc*  raquiramant  not  chacfcad  in  manual. 
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TabI*  1*1  (eont) 


Charaetariitia 


Nrfbrmanea  Rtquirwnanu 


Supplainantal  Information 


DIGITAL  STORAGE  VERTICAL  ACQUISITION  (eont) 


Digital  Chop  Rate 

5  Hz  to  12.5  MHz  (1/2  of  the  non- 
chopped  sample  rate  at  all  TIME/DIV 
switch  settings). 

Analog  Step  Response 

3%  or  less  acquired  overshoot  on  a  5- 
division  pulse  with  Display  Response  set 
to  PULSE. 

Checked  on  a  saved  waveform  display 
using  horizontal  expansion  (X10  MAG 
off). 

Analog  Bandwidth 

Oc  to  10  MHz.  within  ±1  dB,  measured 
in  ENVELOPE  Storage  Mode  with  the 
TIME/DIV  switch  set  to  1  ms. 

At  exactly  10  MHz  input  signal 
frequency,  it  is  possible  for  aliasing  to 
occur  and  produce  an  envelope  with 
variable  amplitude.  If  aliasing  occurs, 
shift  the  test  frequency  slightly  to 
obtain  an  envelope  with  flat  amplitude. 

Useful  Storage  Bandwidth 

NORM  Storage  Mode 

SINE  Display  Response 

Single  Trace 
or  Alt 

CHOP 

1  For  SINE  Display  Response,  useful 
j  storage  bandwidth  is  limited  to  that 

1  frequency  where  there  are  2.5  samples 
per  input  cycle  period  at  the  maxi¬ 
mum  sampling  rate  (max  sampling 
rate  is  25  MHz  in  Single  Trace  or  ALT 
and  12.5  MHz  in  CHOP). 

Accuracy  at  useful  storage  bandwidth 
limit  is  measured  with  respect  to  a  6 
division,  50  kHz  reference  sine  wave. 

Oc  to  10  MHz, 
within +1, -3  dB, 
measured  p-p  over 
any  single  cycle, 
with  TIME/DIV 
switch  set  to  0.2  ni 
(XIOMAGoff). 

Oc  to  5  MHr,  with¬ 
in  +0.5,  -1.5  db, 
measured  p-p  over 
any  single  cycle,  ' 
with  TIME/DIV 
switch  set  to  0.2  p$ 
(X10MAG  off). 

PULSE  Display  Response 

Dc  to  3.5  MHz, 
within  +0.5,  —1.5 
dB,  measured  p-p 
over  any  single 
cycle,  with  TIME/ 
DIV  switch  set  to 

0.2 /it  (XI 0  MAG 
off). 

Dc  to  1.75  MHz, 
within  -+0.5,  -1.5 
db,  measured  p-p 
over  any  single 
cycle,  with  TIME/ 
DIV  switch  set  to 
0.2  MS  (X 10  MAG 
off). 

For  PULSE  Display  Response,  useful 
storage  bandwidth  is  limited  to  that 
frequency  where  there  are  7  samples 
,  per  input  cycle  period  at  the  maxi¬ 
mum  sampling  rate  (max  sampling  rate 
IS  25  MHz  in  Single  Trace  or  ALT  and 
12.5  MHz  in  CHOP). 

t 

,  Accuracy  at  useful  storage  bandwidth 
'  limit  is  measured  with  respect  to  a  6- 
division,  50-kHz  reference  sine  wave. 

Useful  Storage  Rise  Time 

NORM  Storage  Mode 

PULSE  Display  Response 

64  ns. 

128  ns. 

Useful  storage  rise  time  is  defined  as 

1 .6  times  the  minimum  sampling 
interval  (40  ns  in  Single  Trace  or  ALT 
■  and  80  ns  in  CHOP). 

i 
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TaM*  1*1  <cont) 

Cttaractariitie* 

Performance  Raquiramantt 

Supplemental  Information 

TRIGGERING 

Stnsitivity 

AC  Coupled  Signal 

0.3  division  internal  or  50  mV  external 
from  30  Hz  to  10  MHz;  increasing  to  1 .5 
divisions  internal  or  150  mV  external  up 
to  100  MHz. 

In  EXT/10,  multiply  requirements 
by  10. 

LF  REJ  Coupled  Signal 

0.5  division  internal  or  100  mV  external 
from  50  kHz  to  10  MHz;  increasing  to 

1.5  divisions  internal  or  300  mV  external 
up  to  100  MHz. 

Attenuates  signals  below  approxi¬ 
mately  50  kHz. 

HF  REJ  Coupled  Signal 

0.5  division  internal  or  KX)  mV  external 
from  30  Hz  to  50  kHz. 

Attenuates  signals  above  approxi¬ 
mately  50  kHz. 

DC  Coupled  Signal 

0.3  division  internal  or  50  mV  external 
from  dc  to  10  MHz;  increasing  to  1.5 
divisions  internal  or  150  mV  external  up 
to  ICO  MHz. 

Trigger  Jitter 

Nonstorage  Mode 

0.5  ns  or  less  at  100  MHz  at  2  ns  per 

division  (X10  MAG  on). 

. .  .  . . . 

Storage  Mode 

t1  sample  period  for  data  transmitted  on 
tne  GPIB.  See  Jitter  Correction  Perform¬ 
ance  Requirement.® 

Inherent  ±1  sample  jitter  between 
sample  clock  and  asynchronous  trigger 
is  partially  compensated  f-r  by  the 
jitter  coirection  circuitry. 

External  Trigger  Inputs 

Maximum  Input  Voltage 

( 

250  V  (dc  +  peak  ac).* 

250  V  (p-p  ac  at  1  kHz  or  less).* 

Input  Resistance 

1  Mn  within  10%.* 

Input  Capacitance 

i 

Approximately  20  pF,  within  30%. 

LEVEL  Control  Range 

EXT 

1 

1 

1  At  least  +  and  -2  V,,  4  V  p-p. 

EXT/10 

•  At  least  +  and  -20  V,  40  V  p-p. 

A  External  Trigger  View 
(Nonstorage  Mode  Only) 

Deflection  Factor 

EXT 

i 

1(X)  mV  per  division  +5%. 

Dc  trigger  coupling  only;  checked 
with  a  1  kHz  signal. 

EXT/10 

1  V  per  division  ±5%. 

*f«rformanc«  r»quir«m«nt  not  chtckod  in  manual. 
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Tabic  1*1  (cont) 


Charactarittics 

Parformanca  Raquiramants 

Supplanwntal  Information  J 

TRIGGERING  (cont) 

A  External  Trigger  View 
(Nonstorage  Mode  Only)  (cont) 

Rise  Time 

5  ns  or  less.* 

BW  Limit  at  full  (button  out). 

Delay  Difference 

<i0.20  division  (<±4(X)  ps  at  2  ns 
per  division). 

5-div  Signal  with  5  ns  rise  time  or  less^ 
from  a  25-0  source;  centered  verticaly 
with  equal  SO-Q  cable  length  from  sig¬ 
nal  source  to  vertical  channel  and 
external  trigger  input  connectors;  ter¬ 
minated  in  50-0  at  each  input. 

A 

(Entering  of  Triggering  Point 

Within  1  division  of  center  saeen. 

Flatness  and  Aberrations 

+  10%,  -10%,  10%  p-p. 

HORIZONTAL  DEFLECTION  SYSTEM 

Sweep  Rate  (Nonstorage  Mode) 

Calibrated  Range 

A  Sweep 

0.5  s/div  to  0.02  MS/div  in  23  steps  n  a 
1-2-5  sequence.  XI 0  MAG  extends 
maximum  sweep  rate  to  2  ns/div.  ^ 

B  Sweep 

50  m$/div  to  0.02  MS/div  in  20  steps  in  i 
a  1-2-5  sequence.  XI 0  MAG  extends  ’ 
maximum  sweep  rate  to  2  ns/div. 

Accuracy 

! 

Within  the  given  percentages  of  the 
indicated  value. 

Accuracy  specification  applies  over  the 
full  10  div  of  the  unmagnified  sweep.  0 

! 

Unmagnified 

Magnified 

In  XI 0  MAG,  at  TIME/DIV  switch  set- 

+20‘’C  to  +30*0 

Within  2% 

Within  3% 

ting  of  .02  ns,  .1  ms.  and  .2  ms,  exclude 
the  first  and  last  50  ns  of  the  sweep; 
and  at  a  TIME/DIV  switch  setting  of 
.5  MS,  exclude  the  first  100  ns  of  the^ 
sweep. 

-IS’C  to  +55'’C 

Within  3%* 

Within  4%* 

Two-Division  Linearity  Check 

t5%  over  any  twoKlivision  portion  (or 
less)  of  the  full  10  div.  When  in  X10 
MAG  exclude  first  and  last  magnified 
div  when  checking  2ns,5ns,  and^ 
10  ns/div  rates.  • 

Alternate  Sweep  Trace  Separation 
(Nonstorage  Mode  Only) 

>  ±4  divisions. 

Variable  Range  (A  Only) 

(Nonstorage  Mode) 

Continuously  variable  between  calibrated 
settings  of  the  A  TIME/DIV  switch.  Ex¬ 
tends  slowest  A  sweep  rate  to  at  least 
1.25s/div. 

At  least  2.5:1. 

• 

1 

*P«rformanct  raquirtmant  not  chockod  in  manual. 
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Char«et«riitia 


ParfoniMnc*  R«<)uir«TMflti 


Suppitimntal  Information 


HORIZONTAL  DEFLECTION  SYSTEM  (cont) 


A  Swttp  Length  (Nonstorage  Mode) 


A  Trigger  HOLDOFF  (Variable) 


Magnifier  Registration 


POSITION  Range  (Horizontal) 


Differential  Time  Measurement 
Accuracy  (Nonstorage  Mode) 


+15  C  to +35  C 


Measurements 
1  or  more  major 
dial  divisions 


Measurements  of 
less  than  1  major 
dial  division 


Within  1%of 
indicated  value. 


±0.01  major  dial 
division. 


10.5  to  1 1 .5  divisions. 


Inaeases  A  sweep  holdoff  time  by  at 
least  a  factor  of  10  (Nonstorage  Mode). 
Storage  holdoff  tinte  is  a  function  of 
microprocessor  operation. 


Within  0.2  division  from  graticule 
center  (X10  MAG  on  to  X10  MAG 
off). 


Start  of  sweep  must  position  to  right 
of  graticule  center.  End  of  sweep  must 
position  to  left  of  graticule  center. 


With  the  A  TIME/DIV  switch  at  0.5 
11%  per  division,  or  0.2  Hi  per  division, 
the  differential  time  measurement 
accuracy  limit  is  valid  only  for 
DELAY  TIME  POSITION  dial  settings 
between  1 .50  and  8.50. 


-15‘’C  to +55°C 


Delay  Time  Jitter  (Nonstorage  Mode) 


Within  2.5%  of 
indicated  value.’ 


±0.03  major  dial 
division.* 


One  part  or  less  in  50,000  (0.002%  of 
10  times  the  A  TIME/DIV  switch  setting) 
when  operating  on  an  ac-power-source 
frequency  above  50  Hz. 

I 

I 

'  One  part  or  less  m  20,000  (0.005%  of 
A  TIME/DIV  switch  setting)  when 
operating  on  a  50-Hz  or  lower  ac-power 
source  frequency.’ 


(^librated  Delay  Time  (VAR  Control  I  Continuous  from  0.2  jis  to  at  least  5  s 


in  Calibrated  Detent) 


X-Y  Operation  (Nonstorage  Mode 
Only) 

X-Axis  Deflection  Factor 


Variable  Range 


X-Axis  Bandwidth 


Input  Resistance 


Input  Capacitance 


I  after  the  delaying  (A)  sweep. 


Same  as  vertical  system,  with  X10 
MAG  off. 


Same  as  vertical  system. 


Dc  to  at  least  4  MHz. 


Same  as  vertical  system.’ 


Same  as  vertical  system.’ 
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Charactarittia 

Nrfofmanca  Raguiramantt 

Suppienwntai  Infennatton 

HORIZONTAL  DEFLECTION  SYSTEM  (cont) 

X-Y  Operation  {Nonstorage  Mode 

Only)  (cont) 

Maximum  Usable  Input  Voltage 

Same  as  vertical  system.* 

Phase  Difference  Between  X  and  Y 
Amplifiers 

Within  3°  from  dc  to  50  kHz. 

Deflection  Accuracy 

Graticule  indication  is  within  4%  of  true 
input  voltage. 

DIGITAL  STORAGE  HORIZONTAL  ACQUISITION 

Horizontal  Resolution 

Single  Waveform  Acquisition 

j 

!  9  bit.  512  data  points  (50  data  points 
per  division  across  the  graticule  area). 

Chopped  Acquisition  (NORM 

Storage  Mode  Only) 

8  bit.  256  data  points  per  division  (25 
*  data  points  per  division  across  the 

'  graticule  area). 

1 

Range 

i  5  s  per  division  to  20  ns  per  division  in 
a  1-2-5  sequence. 

■  At  TIME/DIV  switch  sett'ngs  of  5  s  to 

2  ps,  waveform  sampling  rate  is  deter¬ 
mined  by  the  switch  setting.  From 

j  1  ps  to  0.02  ps  per  division,  sampling 

1  rate  is  at  the  2  ps  per  division  rate. 

'  Interpolation  and  analog  gam  are  used 

1  to  expand  the  signal  to  the  correct 

horizontal  scale. 

Accuracy  (Sample  Period) 

;  Sample  clock  is  within  0.01%  of 

j  selected  sample  period,  tSO  ps  ADC 

1  aperture  uncertainty. 

Crystal  oscillator: 

0°C  to  +70'’C 

V^  =+5Vi0.5V, 
cc 

Dynamic  Range 

;  10.24  divisions. 

STORAGE  DISPLAY 

Vertical 

Resolution 

1 

1  part  in  1024  (10  bit).  Calibrated  for 
:  1 00  points  per  division. 

Differential  Accuracy 

Graticule  indication  of  voltage  cursor 
difference  is  within  2%  of  LED  readout 
value,  measured  over  center  six  divisions. 

*PtHorm«nc«  rM|uir*m«nt  not  ehodccd  in  manual. 
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Characttriitict 

Performance  Raquiraments 

Supplamantal  Information 

STORAGE  DISPLAY  (contI 

Vtrtical  (cont) 

POSITION  Range 

Any  portion  of  a  stored  waveform 
vertically  magnified  X10  can  be 
positioned  to  the  top  and  to  the 
bottom  of  the  graticule  area. 

Position  Registration 

NON  STORE  to  NORM 

Within  ±  0.5  division  at  graticule  center 
at  VOLTS/OIV  settings  from  5  mV  to 

5  V  per  division. 

NORM,  ENVELOPE,  or  AVG 
to  SAVE 

Within  ±0.2  divisions  at  VOLTS/DIV 
settings  from  5  mV  to  5  V  per  division. 

SAVE  Mode  Gain  Range  (Vertical) 

Up  to  X10  as  determined  by  the  set¬ 
ting  of  the  VOLTS/DIV  switch. 

ENVELOPE  Fill 

90%  or  more  of  a  six  division 
ENVELOPE  display. 

Rise  Time 

<  0.3  horizontal  graticule  division  for 
a  five-division  step,  with  horizontal 
XIOMAGon. 

Checked  with  no  samples  on  the  rising 
edge  of  the  waveform. 

Aberrations 

1 

1 

+6%,  -6%,  6%  p-p  or  less  on  a  five- 
division  step  (fast  rise)  input. 

Horizontal 

Resolution 

1  part  in  1024  (10  bit).  Calibrated  for 
100  points  per  division. 

Differential  Accuracy 

Graticule  indication  of  time  cursor  differ¬ 
ence  is  within  2%  of  LED  readout  value, 
measured  over  center  eight  divisions. 

SAVE  Mode  Gain  Range 
(Horizontal) 

Up  to  XI 00  as  determined  by  the 
setting  of  the  TIME/DIV  switch. 

Position  Registration 

Sweep  start  between  NON  STORE  and 
Storage  within  ±0.2  division  at  TIME/ 
OlV  switch  setting  of  1  ms. 

Display  Response  (Selectable) 

SINE 

Microprocessor  performs  an  inter¬ 
polation  between  data  points  that  is 
optimized  to  produce  the  best  response 
for  input  signals  that  have  no  fre¬ 
quency  components  above  Fs/2,  when 
Fs  is  the  sampling  rate. 

REV  APR  1961 
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CtMractarittks 

Parformanca  Raquiramanti 

Supplamantal  Information  | 

STORAGE  DISPLAY  (cont) 

• 

Display  Response  (Selectable)  (cont) 

SINE  (cont) 

Por  a  6-divisior.,  sinusoidal  input, 
digitized  at  2.5  samples  per  input  cycle 
and  expanded  10X  with  the  TIME. 

OlV  switch,  SINE  Display  Response  # 
envelope  distortion  produces  a  maxi¬ 
mum  amplitude  error  at  any  peak 
which  is  less  than  5%  of  the  ideally 
reconstructed  reference  p-p  amplitude, 
assuming  no  distortion  in  the  acquired 
input  signal.  ^ 

PULSE 

Microprocessor  performs  linear  inter¬ 
polation  between  data  points  to 
optimize  the  display  response  for  fast- 
rise  and  fast-fall  waveforms  (rise  and 
fall  times  faster  than  3  times  the  ^ 

sampling  interval).  ^ 

. 

For  a  6-division,  sinusoidal  input  at 
seven  samples  per  input  cycle  period, 
PULSE  Display  Response  envelope 
distortion  produces  a  maximum  ampli¬ 
tude  error  at  any  peak  which  is  less 
than  5%  of  the  ideally  reconstructed  | 

reference  p-p  amplitude. 

Jitter  Correction 

Reduces  effect  of  sample  clock-to- 
trigger  jitter. 

Gam 

• 

0.4  division,  c10%,,  X10  MAG  on. 

Resolution 

i 

:0.1  sample  period  for  TIME/DIV 

1  switch  settings  of  20  jus  to  5  s  per 

1  division.  t3  ns  for  switch  settings  of 

1  0.02  JUS  to  10  ps  per  division.  ^ 

j 

1 

J _ 

j  NOTE 

Due  to  inherent  uncertainty 

1  involved  in  the  jitter  correction. 

i  the  resolution  will  occasionally, 

an  random  intervals,  exceed  the 
limits  given  above.  ® 

READOUT  DISPLAY 

Display  Type 

Four-digit,  seven-segment  LED 
indicators. 

VOLTS  Readout 

Displays  calculated  voltage  difference  ^ 
between  horizontal  cursors  in  VOLTS 
measurement  m  xle.  Scale  factor  is  i 

determined  by  VOLTS/DIV  switch  * 

setting. 
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Characttrittic* 

Performance  Requiremantt  ! 

'  '  . .  - . —  j 

Supplamantal  Information 

READOUT  DISPLAY  (cont) 

Display  Type  (cont) 

i 

1 

VOLTS  Readout  (cont) 

! 

Resolution 

i  1  part  in  1024  (10  bit). 

i 

TIME  Readout 

Displays  calculatad  time  difference 
between  cursor  dots  in  TIME  measure¬ 
ment  mode.  Scale  factor  determined 
by  setting  of  the  appropriate  TIME/ 
DIV  switch  (A  or  B). 

Resolution 

1  part  in  1024  (10  bit). 

i 

NOTE 


Scale-factor  LED  indicates  measure¬ 
ment  is  in  DIV  in  the  VOL  TS 
measurement  mode  when  vertical 
UNCAL  LED  is  illuminated,  or 
when  different  deflection  factors 
are  used  in  a  dual-channel  mode. 


CRT  DISPLAY 

Display  Area  | 

j  8  X  10  cm. 

1 

Geornetrv  i 

! 

0.1  division  or  less  of  lilt  or  bowing. 

Trace  Rotation  Range 

Adequate  to  align  trace  with  hori¬ 
zontal  graticule  lines.  At  least  t3^. 

Standard  Phosphor 

P31  (green). 

Nominal  Accelerating  Potential  i 

1 

!  18.5  kV. 

Electrode  Voltages  to  Ground 

Heater  Voltage  Between  CRT 

Pins  1  and  14 

j 

6.3  Vrms,  i3  V;  elevated  to  —2450  V. 

t 

Cathode  (Pin  2)  l 

-2450  V.  t2%. 

Grid  No.  1  (Pm  3) 

,  ^  -2455  V  to  -2555  V. 

Focus  (Pin  4)  1 

1 

[  5:_i780Vto-2000V. 

1 _ _ _ _ 

1 

Astigmatism  (Pin  5) 

r  ' 

1 

;  0Vto=s+95V. 

Isolation  Shield  (Pm  7) 

•*•35  V,  i5  V. 

First  Anode  (Pin  8) 

=  -^55  V. 
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Charactariitict 

Perfoffiwnc*  R«9uirainefitt 

1 - 

Supplemental  Information 

CRT  DISPLAY  (cont) 

Eltctrode  Voltages  to  Ground  (cont) 

Geometry  (Pin  10) 

1 

0  to  =»:  +95  V. 

Mesh  (Pin  12) 

=*  -150  V. 

CALIBRATOR 


Outpu.  Voltage 

O’C  to  +40°  C 

0.3  V,  within  1.0% 

Within  0.5%  at  25°C. +5°C. 

-15°Cto  +55°C 

0.3  V,  within  1.5%. 

Repetition  Rate 

Approximately  1  kHz. 

Within  25%. 

1 

Output  Resistance 

1  Approximately  10.3  fl. 

Output  Current 
+20°C  to  +30°C 

30  mA,  within  2%.* 

-15°C  to  +55°C 

30  mA,  within  2.5%. 

Z  AXIS  INPUT  ^  ^ 

Sensitivity 

5  V  p-p  signal  causes  noticeable 

Positive-going  signal  decreases  ® 

modulation  at  normal  intensity. 

intensity. 

Usable  Frequency  Range 

Oc  to  50  MHz.® 

( 

Input  Resistance 

25  kn,  within  10%.  Decreases  to  # 

approximately  200  H  at  2  MHz  and  I 

above.  1 

Maximum  Input  Voltage 

25  V  (dc  +  peak  ac).  ^ 

SIGNAL  OUTPUTS  * 

CH  1  VERT  SIGNAL  OUT 

4 

Output  Voltage 

At  least  50  mV  per  division  of  displayed 
signal  into  1  MH.  At  least  25  mV  per 
division  of  displayed  signal  into  50  H. 

•1 

Output  Resistance 

Approximately  50  H. 

Bandwidth 

Dc  to  at  least  50  MHz  into  50  il. 

j 

DC  Level 

Approximately  0  V. 

Within  100  mV. 

*F*rformanc«  rtquirtmant  not  chtcktd  in  manual. 
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Charactariitict 

Parfermanct  Raquiramanta 

Supplamantal  Information 

SIGNAL  OUTPUTS  (cont) 

A  and  B  +  GATES 

Output  Voltage 

Approximately  5.5  V.  positive-going 
rectangular  pulse. 

Starts  at  0  V,  within  500  mV. 

Output  Resistance 

Approximately  5(X> 

POWER  SOURCE 

AC-Source  Voltage  Ranges 

115  V 

(High) 

108  V  to  132  V.* 

(Low) 

90  V  to  110  V.* 

230  V 

(High) 

i 

216  V  to  250  V.*  I 

(Low) 

198  V  to  242  V.*  ! 

1 

AC  Source  Frequency 

1 

48  Hz  to  440  Hz.*  i 

Power  Consumption 

Typical 

j 

J 

1 15  watts  (140  VA).*  ! 

Maximum 

I  150  watts  (190  VA).* 

48  Hz,  1 10  Vac,  low  regulating  range. 

Characteristics  Supplemental  Information 


INTERNAL  POWER  SUPPLIES 


Main  Supply  Accuracy 
{+20'’C  to  +30°  C) 

-8V 

Initial  Setting 

Any  500-Hour  Period 
After  First  200  Hours 

Maximum  p-p  Ripple 

Accuracy  From  -15°C 
to  55°C 

±1.7% 

] 

i 

2  mV 

Within  0.5%  of  25°C  value 

+5  V 

±1.7% 

1  2  mV 

1  Within  0.5%  of  25'C  value 

+15  V 

■  1 

±1.7%  j 

1 

2  mV 

Within  0.5%  of  25°C  value 

+55  V 

+0.3% 

±0.7% 

4  mV 

Within  0.5%  of  25°C  value 

i 

-2450  V  1 

i 

±1.2% 

±2.2% 

+110  V 

+3% 

100  mV 

*Pefforminc«  requirement  not  checked  in  menutl. 
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CharactariitiM  Suppiamantal  Information 

INTERNAL  POWER  SUPPLIES  (cont) 


Digital  Storage  Power  ! 

Supplies  (Not  Adjustable) 

'/oltage 

i 

i 

-6  V  ! 

i  ! 

-12V 

+5V 

+12  V 

Tolerance 

!♦ 

i5% 

14% 

+5% 

Maximum  p-p  Ripple 

150  mV 

Table  1-2 

Environmental  Characteristics 


Characteristics  I 

Description 

. . .  ■  11..— 1 

I 

i 

i 

i 

NOTE 

All  of  the  environmental  tests  performed  meet  the  require¬ 
ments  of  MIL-T-28800B.CIass  3.  Style  0  equipment 

1 

Temperature  j 

Nonoperating  (Storage)  ' 

-Q2^C  to  +85^C. 

i 

Operating 

-15“Cto  +55"C. 

Altitude 

Nonoperating  (Storage) 

To  50,000  ft. 

• 

Operating 

To  15.000  ft. 

Humidity  (Operating  and 

Nonoperating) 

5  cycles  (120  hrs)  referenced  to  MIL-T-28800B.  Par  3.9.2.2.  Class  3,  95%  to 

07%  relative  humidity. 

• 

Vibration  (Operating) 

15  minutes  along  each  of  3  major  axes  at  a  total  displacement  of  0.025  inch  p-p 
(4  g's  at  55  Hz),  with  frequency  varied  from  10  Hz  to  55  Hz  to  10  Hz  in 

1 -minute  sweeps.  Hold  10  minutes  at  each  major  resonance,  or  if  no  major 
resonance  present,  hold  10  minutes  at  55  Hz. 

Shock  (Operating  and  Nonoperating) 

30  g's,  half-sine,  1 1-ms  duration,  3  shocks  per  axis  m  each  direction,  for  a  total 
of  18  shocks. 

• 

EMI 

i 

Option  04  Only 

Meets  TEKTRONIX  Standard  062-2866-00  with  exception  of  RE-02 
specification  being  relaxed  by  20  dB. 

# 
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Physical  Charactirittia 


Characteristics 

OaKriptkm 

Weight 

With  Panel  Cover,  Accessories,  and  Accessory  Pouch 

33pounos  (15  kg). 

Without  Panel  Cover,  Accessories,  and  Accessory  Pooch 

tBsaam 

OonMstic  Shipping  Weight 

47  pounds  (21.4  kg). 

Height 

With  Feet  and  Pouch 

7.5  inches  (19.0  cm). 

Without  Pouch 

7.2  inches  118.3  cm). 

Width 

With  Handle 

12.9  inches  (32.8  cm). 

Without  Handle 

1  11.5  inches  (29.2  cm) 

Depth 

1 

Including  Panel  Cover 

j  21 .7  inches  (55.1  cm). 

Handle  Extended 

i 

1  23.7  inches  (60.2  cm). 
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Charactariitict  I  Parformanca  Raquiramant  !  Supplemantal  Information 


GENERAL  PURPOSE  INTERFACE  BUS  (GPIB)  OPTION  02 


Interface  Function* 

SHI  Source  Handshake. 

AH1  Acceptor  Handshake. 

T1  Basic  talker,  talk  only  mode, 
serial  poll. 

LO  No  Listener. 

SRI  Service  Request. 

RLO  No  Remote/Local. 

PPO  No  Parallel  Poll. 

DC2  Device  Clear. 

!  DTO  No  Device  Trigger. 

'  CO  No  Controller. 

Waveform  Data  Transmitted® 

1 

1  Conforms  to  Tektronix  Interface 

1  Standard,  GPIB  Codes  and  Formats 

1  (Rev.  C). 

I 

When  no  waveform  has  been  acquired, 
only  the  ID  portion  of  the  waveform 
message  will  be  transmitted. 

SIGNAL  AVERAGING  OPTION  12 

Averaging  Range 

1 

1  Two  to  256  waveforms  in  a  2-4-8  binary 

1  sequence.  Number  of  sweeps  to  be 

1  averaged  set  with  CURSOR/NO.  OF 
i  SWEEPS  control  knob  when  NO.  OF 

1  SWEEPS  push  button  (on  side  panel)  is 

1  pressed  m. 

Uncorrelated  noise,  signal-to-noise 
ratio  is  improved  by  the  square  root  of 
the  number  of  waveforms  averaged. 

j 

*P«rforinance  raquiramant  not  chackad  in  manual. 


Tektronix  2465  Oscilloscope 


The  following  is  an  excerpt  of  Tektronix  Oscilloscope,  Model  8465, 
Instruction  Manual,  March  1984. 


I^fonix- 

COMMn’TH)  TO  EXCELLENCE 


WARNING 

THE  FOLLOWING  SERVICING  INSTRUCTIONS 
ARE  FOR  USE  BY  QUALIFIED  PERSONNEL  ONLY. 
TO  AVOID  PERSONAL  INJURY.  DO  NOT 
PERFORM  ANY  SERVICING  OTHER  THAN  THAT 
CONTAINED  IN  OPERATING  INSTRUCTIONS 
UNLESS  YOU  ARE  QUALIFIED  TO  DO  SO. 


PLEASE  CHECK  FOR  CHANGE  INFORMATION 
AT  THE  REAR  OF  THIS  MANUAL 


2465 

OSCILLOSCOPE 

SERVICE 


INSTRUCTION  MANUAL 

Tektronix,  Inc. 

P.O.  Box  500 

Beaverton,  Oregon  97077  Serial  Number - 


SMtion  1'>24i6  Sinrk* 


SPECIFICATION 


INTRODUCTION 

The  TEKTRONIX  2465  Oscilloscope  is  a  portable 
300-MHz  instrument  having  a  four-channel  vertical  deflec¬ 
tion  system.  Channel  1  and  Channel  2  provide  calibrated 
deflection  factors  from  2  mV  per  division  to  5  V  per 
division.  For  each  of  these  channels,  input  impedance  is 
selectable  between  two  values:  either  1  in  parallel 
with  15  pF,  or  50n  internal  termination.  Input-signal 
coupling  with  l-MH  impedance  can  be  selected  as  either 
AC  or  OC.  Channel  3  and  Channel  4  have  deflection  factors 
of  either  0.1  V  or  0.5  V  per  division.  Each  of  these  channels 
has  an  input  impedance  of  1  in  parallel  with  15  pF, 
with  OC  input-signal  coupling.  Trigger  circuits  enable  stable 
triggering  over  the  full  bandwidth  of  the  vertical  system. 


The  horizontal  deflection  system  provides  calibrated 
sweep  speeds  from  1.5  s  per  division  to  500  ps  per  division. 
Drive  for  the  horizontal  deflection  system  is  obtained  from 
a  choice  of  A,  6  delayed,  A  alternated  with  6  delayed 
sweeps,  or  CH  1  (for  the  X-Y  display  mode). 

The  2465  incorporates  alphanumeric  crt  readouts  of  the 
vertical  and  horizontal  scale  factors,  the  trigger  levels, 
time-difference  measurement  values,  voltage-difference 
measurement  values,  and  certain  auxiliary  information. 


The  2465  Oscilloscope  is  shipped  with  the  following 
standard  accessories: 

2  Probe  packages 
1  Snap-lock  accessories  pouch 
1  Zip-lock  accessories  pouch 
1  Operators  manual 
1  Service  manual 
1  Operators  pocket  reference  card 
1  Fuse 

1  Power  cord  (installed) 

1  Blue  plastic  crt  filter  (installed) 

1  Clear  plastic  crt  filter 
1  Front-panel  cover 


For  part  numbers  and  further  information  about  both 
standard  and  optional  accessories,  refer  to  either  "Options 
and  Accessories"  (Section  7)  in  the  Operators  manual  or 
the  Accessories  information  at  the  rear  of  this  manual. 
Your  Tektronix  representative  or  local  Tektronix  Field 
Office  can  also  provide  accessories  information  and 
ordering  assistance. 


PERFORMANCE  CONDITIONS 


The  following  electrical  characteristics  (Table  1-1) 
are  valid  for  the  2465  when  it  has  been  adjusted  at  an 
ambient  temperature  between  ■l■20®C  and  +30° C,  has  had 
a  warm-up  period  of  at  least  20  minutes,  and  is  operating 
at  an  ambient  temperature  between  -15°C  and  +55°C 
(unless  otherwise  noted). 


Items  listed  in  the  "Performance  Requirements"  column 
are  verifiable  qualitative  or  quantitative  limits  that  define 
the  measurement  capabilities  of  the  instrument. 


Environmental  characteristics  are  given  in  Table  1-2. 
The  2465  Oscilloscope  meets  the  environmental  require¬ 
ments  of  MIL-T-28800C  for  Type  III,  Class  3,  Style  C 
equipment,  with  the  humidity  and  temperature  require¬ 
ments  defined  in  paragraphs  3.9.2.2,  3.9.2.3,  and  3.9.2.4. 


Mechanical  characteristics  of  the  2465  are  listed  in 
Table  1-3. 
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VERTICAL  DEFLECTION  SYSTEM>CHANNEL  1  AND  CHANNEL  2  (cont) 


- [ 

Common-mode  Rejection  Ratio  (CMRR) 

At  least  20: 1  at  50  MHz  for  common-mode  signals  of  eight  divisions 
or  less,  with  VAR  VOLTS/DIV  control  adjusted  for  best  CMRR  at 
50  kHz  at  any  VOLTS/DIV  switch  setting  from  5  mV  to  5  V  per 
division:  at  least  20:1  at  20  MHz  for  the  2-mV-per-divi$ion  switch 
setting. 

Channel  Isolation 

1 

i 

1 

i 

100:1  or  greater  attenuation  of  the  deselected  channel  at  100  MHz; 
50:1  or  greater  attenuation  at  3(X)  MHz,  for  an  eight-division  input 
signal  from  2  mV  per  division  to  500  mV  per  division,  with  equal 
VOLTS/DIV  switch  settings  on  both  channels. 

1 

Displayed  Channel  2  Signal  Delay  with  Respect  { 

to  Channel  1  Signal 

Adjustable  through  a  range  of  at  least  -500  ps  to  -fSOO  ps. 

Input  R  aii^  Z  (1  M^) 

Resistance 

1  MJ2  ±0.5%.* 

Capacitance 

1 

15pF±2pF.* 

Maximum  Input  Voltage 

A  ^ 

400  V  (dc  +  peak  ac); 

800  V  p-p  ac  at  10  kHz  or  less.* 

Input  R  (50  S2) 

Resistance 

i 

50  a  ±1%.* 

VSWR  (DC  to  300  MHz) 

1.3:1  or  less.® 

Maximum  Input  Voltage 

A 

5  V  rms:  0.5  W-seconds  during  any  1  -s  interval  for  instantaneous 
voltage  from  5  V  to  50  V. 

Cascaded  Operation 

Bandwidth 

I  Oc  to  50  MHz  or  greater. 

Deflection  Factor 

I  4(X}fzV  per  division  ±10%. 

VERTICAL  DEFLECTION  SYSTEM-CHANNEL  3  AND  CHANNEL  4 

Deflection  Factor 

Values 

0.1  V  per  division  and  0.5  V  per  division. 

Accuracy 

j  Within  ±10%. 

Frequency  Response 

1 

:  Six-division  reference  signal,  from  a  terminated  50-f2  system. 

1 _ 

;  -3-dB  bandwidth  ’ 

i  with  standard-accessory  probe 

-4.7-dB  bandwidth 
with  external  50-^2  termination 

-15'’Cto-»-35“C 

DC  to  300  MHz 

DC  to  300  MHz 

+35®C  to  ■►55®C 

OCto  250  MHz 

DC  to  250  MHz 

Verformance  Requirement  not  cheeked  in  memiel. 
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Tabla  1*1  (cont) 


Characteristics 

Performance  Requirements 

TRIGGERING  (cent) 

Minimum  P-P  Signal  Amplitude  for  Stable 

Triggering  from  Channel  3  or  Channel  4  Source 

Amplitudes  are  one-half  of  Channel  1  or  Channel  2  source 
specification. 

Minimum  P-P  Signal  Amplitude  for  Stable 

Triggering  from  Composite,  Multiple  Channel 

Source  in  ALT  Vertical  Mode 

Add  1  division  to  single-channel  source  specification. 

Maximum  P-P  Signal  Rejected  by  NOISE  REJ 
COUPLING  for  Signals  Within  the  Vertical  Bandwidth 

Channel  1  or  Channel  2  Source 

0.4  division  or  greater  for  VOLTS/DIV  switch  settings  of  10  mV  and 
higher.  Maximum  noise  amplitude  rejected  is  reduced  at  2  mV  and 

5  mV  per  division. 

Channel  3  or  Channel  4  Source 

0.2  division  or  greater. 

Jitter 

Less  than  50  ps  at  300  MHz  with  A  and  B  SEC/D IV  switch  set  to 

5  ns  and  X10  MAG  on. 

LEVEL  Control  Range 

Channel  1  or  Channel  2  Source 

1  18  times  the  VOLTS/DIV  switch  setting.® 

Channel  3  or  Channel  4  Source 

±  9  times  the  VOLTS/DIV  switch  setting.® 

LEVEL  Control  Readout  Accuracy  (for  triggering 
signals  with  transition  times  greater  than  20  ns) 
Channel  1  or  Channel  2  Source 

DC  Coupled 

+15°Cto  ■^30‘’C 

1 

1  Within  t  (3%  of  setting  +  3%  of  p-p  signal  +  0.2  division  +  (0.5  mV 

1  X  probe  attenuation  factor)] . 

1 

-IS’Cto +55°C 
(excluding  -^■15°C  to  +30*’ C) 

i 

1  Add  (1.5  mV  x  probe  attenuation  factor)  to  the  specification  listed 
•  for+15'’Cto+30‘’C. 

NOISE  REJ  Coupled 

Add  tO.6  division  to  the  DC  Coupled  specification. 

Channel  3  or  Channel  4  Source  (DC  Coupled) 

NOISE  REJ  Coupled 

Within  ♦  [3%  of  setting  -i-  4%  of  p*p  signal  -+  0.1  division  -i-  (0.5  mV 
X  probe  attenuation  factor)). 

'  Within  =  (3%  of  setting  -  4%  of  p-p  signal  -  0.4  division  -  (0.5  mV 

i  X  probe  attenuation  factor)]. 


SLOPE  Selection 

Conforms  to  trigger-source  waveform  or  ac  power-source  waveform. 

AUTO  LVL  Mode  Maximum  Triggering  Signal  Period 

A  SEC/DIV  Switch  Setting  Less  than  10  ms 

At  least  20  ms.® 

A  SEC/DIV  Switch  Setting  from  10  ms  to  50  ms 

At  least  four  times  the  A  SEC/DIV  switch  setting.® 

A  SEC/DIV  Switch  Setting  from  100  ms  to  500  ms 

At  least  200  ms.® 

*Ftrformanc«  Raquiramant  not  chackad  in  manual. 
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ChsrMttrittics  i 

j 

Nrlormenee  Requirements 

HORIZONTAL  DEFLECTION  SYSTEM  (cont) 

Timing  Accuracy  (SEC/D IV  VAR  control  out  of  ] 

detent) 

Add  2%  of  time  interval  to  the  A  and  B  Sweep  Accuracy 
specification. 

Timing  Accuracy  (-15°C  to  +15*C  and  +35°C 
to  +55®  Cl 

Add  ±0.2%  of  time  interval  to  all  At  and  delay  specifications.  Add 
±0.5%  of  time  interval  to  A  and  B  Sweep  accuracy  specifications.* 

It  R«adout  Resolution  ! 

Greater  of  either  10  ps  or  0.025%  of  full  scale.* 

_ _ _ _ ^ 

^t  Range 

1 10  times  the  A  SEC/DIV  switch  setting.* 

Delay  Pickoff  Jitter  i 

1 

» 

1 

Within  0.004%  (one  part  or  less  in  25, (XX))  of  the  maximum 
available  delay,  plus  100  ps. 

Delay  Time  Position  Range 

t 

1 

0  to  9.95  times  the  A  SEC/DIV  switch  setting.  Main  sweep  triggering 
event  is  observable  on  delayed  sweep  with  zero  delay  setting.* 

X-Y  Operation 

X-Axis  Deflection  Factor 

Range  | 

Same  as  Channel  1  .* 

1 

Accuracy  > 

Same  as  Channel  1. 

I 

Variable  Range  ' 

Same  as  Channel  1.* 

X-Axis  Bandwidth 

'  Oc  to  3  MHz. 

Input  R  and  C 

i  Same  as  Channel  1.* 

Phase  Difference  Between  X  and  Y  with  Normal 
Bandwidth 

1°  or  less  from  dc  to  1  MHz; 

3®  or  less  from  1  MHz  to  2  MHz. 

X-Axis  Low-Frequency  Linearity 

i  0.2  division  or  less  compression  or  expansion  of  a  two-division, 
center-screen  signal  when  positioned  within  the  display  area. 

CURSOR  AND  FRONT-PANEL  DISPLAY 

Cursor  Position  Range 

, 

Delta  Volts  (AV) 

At  least  the  center  7.6  vertical  divisions. 

Delta  Time  (At) 

At  least  the  center  9.6  horizontal  divisions. 

Minimum  Setup  Time  Required  to  Maintain 
Front-panel  Settings  at  Power-down 

10  seconds  or  less.* 

*P«rformanc«  Rtquirtmant  not  dtadiad  in  manual. 
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AC  POWER  SOURCE 


Source  Voltage 

Ranges 

115  V 

90  V  to  132  V.* 

230  V  i 

1 

180  V  to  250  V.* 

i 

Source  Frequency 

48  Ha  to  440  Ha.* 

Fuse  Rating 

2  A,  250  V,  AGC/3AG,  Fast  blow; 

or  1.6  A,  250  V,  5  x  20  mm.  Quick-acting  (F).* 

Power  Consumption 

Typical 

j 

1 

'  70W(140VA).* 

Maximum 

120  W  {180  VA).* 

Primary  Circuit  Dielectric  Voltage  Withstand  Test 

1500  V  rms,  60  Hz  for  10  s  without  breakdown.* 

Primary  Grounding  j  Type  test  to  0.1  O  maximum.  Routine  test  to  check  grounding 

i  continuity  between  chassis  ground  and  protective  earth  ground.® 
_ i _ 


*P«rfornianc«  Raquirament  not  chtckad  in  manual. 
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Spacification->246S  Sanriea 


Characteristics 

Description 

Weight 

With  Accessories  and  Pouch 

10.2  kg  (22.4  lb). 

Without  Accessories  and  Pouch 

9.3  kg  (20.5  lb). 

Domestic  Shipping  Weight 

12.8  kg  (28.2  lb). 

Height 

With  Feet  and  Accessories  Pouch 

190  mm  (7.5  in). 

Without  Accessories  Pouch 

160  mm  (6.3  m). 

Width  (with  handle) 

330  mm  (13.0  m). 

Depth 

With  Front-Panel  Cover 

434  mm  (17.1  in). 

With  Handle  Extended 

505  mm  (19.9  in). 

Cooling 

Forced-air  circulation. 

Finish 

Tektronix  Blue  vinyl-clad  material  on  aluminum  cabinet. 

Construction 

.  Aluminum-alloy  chassis  (sheet  metal).  Plastic-laminate  front 
panel.  Glass-lammate  circuit  boards. 
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Model  332SA 


SECTION  i 

GENEFM  INFORMATION 


Ocneral  lafomuioa 


M.  iimODUCTIOI. 

1*2.  The  Operating  and  Service  Manual  contains  infor¬ 
mation  required  to  install,  operate,  test,  adjust,  and  ser¬ 
vice  the  Hewlett-Packard  Model  332SA  Synthesizer/- 
Function  Generator.  The  Operating  Information  Sup¬ 
plement  is  a  copy  of  the  first  four  sections  of  the 
Operating  and  Service  Manual.  It  also  includes  the 
Operational  Verification  procedures  from  Section  IV, 
which  may  be  used  for  incoming  inspection.  The  supple¬ 
ment  should  be  kept  with  the  instrument  for  use  by  the 
operator.  The  part  numbers  of  both  the  Operating  and 
Service  Manual  and  the  Operating  Information  Supple¬ 
ment  are  shown  on  the  title  pages. 

1-3.  Also  shown  on  the  title  page  of  this  manual  is  a 
Microfiche  part  number.  This  number  can  be  used  to 
order  4x6  inch  transparencies  of  the  Operating  and 
Service  Manual.  Each  Microfiche  contains  up  to  96 
photo-duplicates  of  the  manual  pages.  The  Microfiche 
package  includes  the  latest  Manual  Changes  supplement 
as  well  as  pertinent  Service  Notes. 

1-4.  Additional  copies  of  the  Operating  and  Service 
Manual,  Operating  Information  Supplement,  or  Service 
Notes  can  be  ordered  through  your  nearest  Hewlett- 
Packard  Sales  and  Service  Office.  (A  list  of  these  offices 
is  provided  at  the  end  of  this  manual.) 

1-S.  INSTRUMENT  DESCRIPTION. 

1-6.  The  Model  3325A  Synthesizer/Function  Generator 
produces  the  following  signals  at  a  minimum  frequency 
of  1  mHz  and  maximum  frequency  of: 


Sine  wave  20  MHz 

Square  wave  10  MHz 

Triangle  10  kHz 

Positive  slope  ramp  10  kHz 

Negative  slope  ramp  10  kHz 


Frequency  may  be  selected  with  up  to  eleven  digits  of 
resolution.  Output  amplitude  is  1  mV  to  10  V  peak-to- 
peak.  The  output  level  may  also  be  selected  or  displayed 
in  V  rms  or  in  dBm  (SO  ohms).  Any  function  may  be  dc 
offset  up  to  ±4.5  V,  or  the  output  may  be  dc  only  up  to 
±  S  V.  An  optional  high  voltage  output  produces  up  to 
40  V  p-p  into  ^  500  ohms  load. 

1-7.  Frequency  sweep  of  all  functions  is  provided  in 
linear  or  log  sweep,  at  sweep  times  of  10  milliseconds  to 
99.99  seconds  for  linear  sweep.  Maximum  time  for  log 
sweep  is  99.99  seconds  and  minimum  time  is  2  seconds 
for  single  log  sweep  and  0.1  second  for  continuous  log 
sweep.  Single  linear  sweep  may  be  up  or  down,  while 
continuous  sweep  is  up/down/up,  etc.,  in  the  linear 
mode  and  up/up,  etc.,  in  log  mode. 


1-8.  The  Model  3325A  is  fully  programmable  through 
the  rear  panel  Hewlett-Packard  Interface  Bus  (HP-IB) 
connector.  A  device  such  as  a  programmable  calculator 
is  capable  of  remotely  controlling  the  3325A.  Interface 
information  is  given  m  Section  II  of  this  manual,  and 
programming  information  is  in  Section  III. 

M.  SPECIFICATION! 

l-IO.  Instrument  specifications  are  listed  in  Table  I-l. 
These  specifications  are  the  performance  standards  or 
limits  against  which  the  instrument  is  tested.  Any 
changes  in  specifications  due  to  manufacturing,  design 
or  traceability  to  the  U.S.  National  Bureau  of  Standards 
are  included  in  Table  1-1  of  this  manual  and/or  the 
Manual  Changes  Supplement.  Specifications  listed  in 
this  manual  supersede  all  previous  specifications  for  the 
Model  3325A. 


1-11.  SUPPLEMENTAL  OPERATING  INFORMATION. 

1-12.  Table  1-2  contains  information  describing  general 
operating  characteristics  of  the  3325A.  This  informa¬ 
tion  is  supplemental  operating  information  and  is  not  to 
be  considered  as  specifications. 

1-13.  REMOTE  CONTROL 

1-14.  Table  1-3  lists  the  HP-IB  interface  capabilities  of 
the  Model  3325A  in  conformity  with  IEEE  Standard 
488-1975,  * ‘Standard  Digital  Interface  for  Program¬ 
mable  Instrumentation”.  HP-IB  response  times  are 
given  in  Table  1-4. 

MS.  OPTION! 

1-16.  The  following  options  extend  the  frequency 
stability  and  output  amplitude  capabilities  of  the  Model 
3325A: 

Option  001  High  Stability  Frequency  Reference 

Option  002  High  Voltage  Output 

The  following  options  indicate  the  line  voltage  to  which 
the  instrument  was  set  at  the  factory: 

Option  100  Nominal  100  V  ac 
Option  120  Nominal  120  V  ac 
Option  220  Nominal  220  V  ac 
Option  240  Nominal  240  V  ac 
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INI9  !*«•  MppiPMroi  NninMilHi  P^OTiiil 


X  Onv«  Output  (SwMp  up  ontyl; 

Amplitudp;  0  to  *■  10  V  Krttar  ramp  proportkKMl  to 
swaap  Iraouancy 

Connactor:  Roar  panol  8NC 

Z  Blank  Output: 

Lovo!t  (TTL  compatiblo  voltapo  (avail): 

Linaar  Swaap: 

Sirtgla:  Low  at  start  of  swaap.  High  at  stop.  Ra- 
inaint  High  until  start  of  naxt  swaap. 

Continuous:  Low  during  swaap  up.  High  during 
swaap  down. 

Log  Swaap: 

Singla:  Low  at  start  of  swaap.  High  at  stop.  Ra- 
mams  High  until  start  of  naxt  swaap. 

Continuous:  Low  during  swaap.  Goas  High 
momantarilv  at  stop  fraquancy. 

10  MHs  Ovan  Rafaranca  Output,  Option  001,  for  phase 
locking  the  332SA  to  the  optional  high  stability  fraquancy 
rafaranca: 

Amplituda:  0  dBm,  SO  ohms 

Connactor:  Rasr  panal  BNC.  Mutt  ba  connected  to 
the  rear  panal  EXT  REF  IN  connactor. 


REMOTE  CORTROl 

Hewlatt'Psckard  Interface  But  (HP-IB)  Control:  (HP-IB  is 
Hewlett-Packard  Company's  implementation  of  IEEE  Stan¬ 
dard  488-1975).  Tima  shown  it  in  addition  to  programm¬ 
ing  time. 


Fraguanev  Switching  and  SattNng  Tbna:  * 

<  10  ma  to  within  1  Hx  of  final  valuo  for  100  kHz  span 

<  25  nw  to  within  1  Hi  of  final  valuo  for  1  MHx  span 

<  70  ms  to  within  1  Hz  of  f irtaf  valua  for  20  MHz  span 

Phase  Switching  and  Settling  Tima:* 

<  16  ma  to  within  90*  of  phaao  lock  for  20  MHz  fra¬ 
quancy  change 

Amplituda  Switching  Tima:* 

<  30  ms  to  within  amplituda  specifications 

*Timas  shown  are  in  addition  to  programming  time 
lESaUl 

Operating  Environment: 

Tamparatura:  0*  to  55*C 

Ralattva  Humidity:  <95%,  0*  to  40*C 

Altituda;  s  1 5,000  ft. 

Storage  Tamparatura:  -  50*  to  -«■  75*C 
Storage  Altituda:  s  50,000  ft. 

Power  Raquiramants: 

100/1 20/220/240V -r  5%,  -  10%.48  to  66  Hz 
60  VA.  100  VA  with  all  options,  10  VA  standby 

Dimensions  in  millimeters  and  (inches): 

132  6  (5%)  high  x  425.5  (16%)  wide  x  497.8 
(19-5/8)  deep 

Weight  in  kilograms  and  (lbs): 

Net  weight:  9(20) 

Shipping  Weight:  14.5  (32) 


The  following  accessory  options  are  also  available  for 
the  Model  3325A; 


Option  907 
Option  908 
Option  909 

Option  910 


Front  Handle  Assembly 
Rack  Mount  Flange  Kit 
Rack  Mount  Flange  Kit/Front 
Handle  Assembly 
Additional  Operating  and  Service 
Manual 


M7.  ACCESSORIES  SUPPLIED. 

1*18.  A  special  connector  is  supplied  with  the  High 
Subility  Frequency  Reference  Option  001  for  connect¬ 
ing  the  rear  panel  Reference  Output  to  the  Reference  In¬ 
put.  This  connector  is  Part  No.  1250-1499. 


Ml.  ACCESSORIES  AVAILABLE. 

1-20.  The  following  accessories  are  available  for  use 
with  the  Model  332SA: 


Number 

Description 

1I048C 

50  ohm  Feedthru  Termination 

11356A 

Ground  Isolator 

03325-80001 

Oven  Board  Assy.  (Converts  3325A  to 
Option  001} 

03325-80002 

High  Voltage  Option  (Converts  3325A 
to  Option  002) 

5061-0077 

Rack  Mount  Flange  Kit  (Option  908) 

5061-0083 

Rack  Mount  Flangc/Front  Handle  Kit 
(Option  909) 

5061-0089 

Front  Handle  Kit  (Option  907) 
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8082A 


PULSE  GENERATOR 


SERIAL  NUMBERS 

This  manual  applies  directly  to  instrument  with  serial  number 
1822G02846  and  higher.  Any  change  made  in  instruments  having  serial 
numbers  higher  than  the  above  number  will  be  found  in  a  "Manual 
Changes"  supplement  supplied  with  this  manual.  Be  sure  to  examine  the 
supplement  for  changes  which  apply  to  your  instrument  and  record  these 
changes  in  the  manual.  Backdating  information  for  instruments  with 
lower  serial  numbers  can  be  found  in  Section  7  (yellow  pages). 
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SECTION^  1 


GENERAL  INFORMATION 


1~1  INTRODUCTION 

1-2  Th«  8082A  it  a  2S0  MHz  dual  channal  pulta 
tourct  with  variabta  laading  and  trailing  adga  transition 
timas  as  fast  at  Ins.  It  also  has  variabta  pulta  fraquancy, 
dalay,  width,  offsat  and  amplituda.  Tha  normal/compla- 
mant  ralationship  and  tha  polarity  of  aither  output  can 
ba  reversad.  Single  pulse,  double  pulse  and  square  wave 
operation  are  available.  Thera  are  also  four  trigger 
rrwdes: 

1-3  Normal  Mode.  In  this  mode  tha  8082A  opar* 

atas  as  a  self-contained  pulse  source  with  full  control 
of  the  pulse  parameters  from  tha  front  panel  controls. 

1-4  Ext  Trig  Mode.  In  this  mode  tha  pulta  and 
trigger  output  frequencies  are  determined  by  tha  fre¬ 
quency  of  an  externally  applied  signal.  Tha  other  pulse 
parameters  are  varied  from  tha  front  panel  controls. 


1-6  Qata  Mode.  In  this  mode  a  gating  signal 
enables  the  pulse  and  trigger  outputs. 


1-6  External  Width  Mode.  In  this  mode  tha  pulse 
frequency  and  width  are  determined  by  the  frequency 
and  width  of  an  externally  applied  signal.  The  dalay  be¬ 
tween  input  and  output  is  fixed.  The  trigger  output 
is  the  shaped  trigger  input  signal. 


1-7  ECL  OUTPUT 

1-8  The  8082A  has  an  ECL  position  on  each  of 
its  amplitude  range  svritches.  When  either  or  both  of 
the  switches  are  set  to  this  position,  both  8082A  outpuu 
automatically  deliver  a  fixed  voltage  swing  of  -0.9V  to 
-1.7V  typical  (into  an  open  circuit)  for  driving  ECL 
logic. 


Tabit  1-1  Specifications 
Thaia  ipacif  icatiom  apply  whan: 

PULSE  CHARACTERISTICS 
(Sourea  and  load  impadanaa  5012) 

Transition  Timat:<  Ins  to  0.5ms  m 
6  ranges.  First  range  from  <  Ins  to 
5ns  controls  leadingand trailing  edges 
simultaneoulsy.  For  all  other  ranges 
transition  times  variable  independent¬ 
ly  up  to  1:10. 

Difference  between  risetime  and  fall¬ 
time  is  less  than  25%  of  the  faster 
transition  time  of  the  two. 

Overshoot  and  Ringing:  <  ±  5%  of 

pulse  amplitude  may  increase  to 
±  10%  with  amplitude  vernier  CCW. 

Prashoot  <  ±  5%  of  pulse  amplitude. 

Linearity:  Linearity  aberration  for 
both  slopes  <  5%  for  transition  times 
>5ns. 

Output:  Maximum  amplitude  is  5V 
from  50J2  into  5052.  Maximum  out¬ 
put  voltage  is  ±  5V  (amplitude  +  off¬ 
set) 

Offset  >  t  2V,  into  5052 

Baseline:  OV  ±  150mV  with  offset 
switched  off  and  amplitude  range 
set  to  maximum.  Other  amplitude 
ranges  reduce  baselmeproportionately. 

DC-Source  Impedance:  5052  t  5% 
Reflection  Coefficient  Reflection  is 
2%  typical  for  steps  with  1  ns  rise  time 
applied  to  output  connector  on  all 
amplitude  ranges  except  5V  range. 
On  the  5V  range,  the  reflection  may 
be  15%. 

Output  protection:  Cannot  be  da¬ 
maged  by  open  or  short  circuits  or 
application  of  ext  <  ±  6  \«lts  or 
±  200mA  independent  of  control  set  ■ 
tings. 

Attenuator:  Two  separate  three  step- 
attenuators  reduce  the  outputs  to  IV. 
Vernier  is  common  for  both  outputs 
and  reduces  the  output  to  0.4V 
minimum.  A  further  position  pro- 
videsECL-compatibleoutputs(-05V 
to  -1 ,7V  typ.  open  circuit). 


1)  both  outputs  are 
tarmirwted  by  a  50-52 
load, 


TIMING 

Repetition  Rate:  >  250  MHz  to 
<  1  kHz  in  6  ranges. 

Period  Jitter  <0.1%  +  50ps 

Delay:  <  2ns  to  >  0.5m$  m  6  ranges 
plus  typ.  18n$  fxd.  with  respect  to 
trigger  output. 

Delay  Jittor.<  0.1%  *  50ps 

Double  Pulse:  Up  to  125  MHz  max 
(simulates250MHz|.Min  pulse  spacing 
>4ns. 

Delay  Duty  Cycle:  >  50% 

Pulse  Width:  <  2ns  to  >  0.5ms  m  6 
ranges. 

Width  Jitter:  <  0.1%  50ps 

Width  Duty  Cycle:  >  50% 

Square  Wave:  A  further  position  of 
the  Pulse  Width  switch  provides 
Square  Wave  output  (Delay  and 
double  puise  are  disabled,  max.  Rep 
Rate  250  MHz)  Duty  cycle  is  50% 
i  10%  up  to  100  MHz.  50%  i  15% 
for  >  100  MHz 

Trigger  Output  Negative  going 
Square  Wave  (50%  duty  cycle  typ.) 
>  SOOmV  from  5052  into  5052. 
internal  5052  load  can  be  switched 
off  by  slide-switch  on  PC-board. 
Amplitude  increases  to  >  IV  into 
5052  up  to  2(X)  MHz 
Trigger  Output  Protection:  Cannot 
be  damaged  by  short  circuit  or  appli¬ 
cation  of  external  ±  200mA. 

EXTERNALLY  CONTROLLED 
OPERATION 

External  Input 

Input  Impadancr.  50521 10%.  DC 
coupled. 

Maximum  Input  ±  6V 

Trigger  Level:  Adjustable  -1 .5V  to 
+1.5V. 


2)  the  internal  50-52 
source  impedance  it 
selected. 


Slope  Control:  Positive,  negative  or 
manual  selectable.  In  the  MAN-posit- 
ion  all  ext.  functions  can  be  con¬ 
trolled  by  push  button.  Button 
pushed  in  simulates  an  ''on-signal". 

Sensitivity:  Sme-wave  >  200mVpp, 
pulses  >  200mV. 

Repetition  Rata:  0  to  >  250  MHz. 

Ext. -Controlled  Modes 

Ext.Trigger:  There  are  approximately 
7ns  delay  between  the  external  i.nput 
and  the  trigger  output.  Rep.-Rate  is 
ext.  controlled  (is  triggered  by  exter¬ 
nal  signal).  Trigger  output  provides 
the  pulse-shaped  input  signal.  Square 
■wave  mode  is  disabled 

Synchronous  Gating:  Gating  signal 
turns  rep.  rate  generator  on.  Last 
pulse  15  of  normal  width  even  if  gate 
ends  during  the  pulse. 

External  Width:  Output  pulse  width 
determined  by  -width  of  drive  input. 
Rep.  Rate  and  Delay  are  disabled. 
Trigger  output  provides  shaped  input 
signal. 

OPTIONS 

Option  907  Front  Handle  Kit 

Option  908  Rack  Flange  Kit 

Option  909  Rack  Flange  plus  Front 

Handle  Kit 

Option  910  Additional  Instrument 

Manual 

GENERAL 

Power  Requirements:  100V,  120V, 
220V,  240V  (+5%,  -10%)  48  -  440 
Hz.  Power  consumption  85VA  max  . 

Weight  Net  7.9  kg  (17.44  lbs), 
shipping  8.9  kg  (19.63  lbs). 

Dimensions:  426mm  wide,  145mm 
high,  380mm  deep  i16  3/4  ins.  x 
5  11/16  ins.  X  15  wis.). 


Hewlett  Packard  5316A  lOOMHz  Universal  Counter 


The  following  is  an  excerpt  of  Hewlett  Packard  If^iMHz  Universal 
Counter,  Model  5S16A,  Operating  and  Service  Manual,  May  1981. 


OPERATING  AND  SERVICE  MANUAL 


1 


5316A 

MHz  Universal  Counter 


SERIAL  PREFIX:  2120A 

This  manual  applies  to  Serial  Prefix  2120A,  unless  accompanied 
by  a  Manual  Change  Sheet  indicating  otherwise. 


First  Edition  —  May  1981 

•Copyright  1961 
by 

HEWLEH-PACKARD  COMPANY 
5301  Stevens  Creek  Boulevard 
Santa  Clara,  California  95050 


MANUAL  PART  NUMBER  ISJli-MNI 
Microfiche  Part  Number  •SSIS.MOn 


ModtlS31«A 
General  Information 


UbI*  U1.  Modtl  S3HA  Specifications 


wnfT  cHARAcnRisna 

(Clunnel  A  and  Ctiannel  •) 

Rangei 

DC  coupled,  0  to  100  MHi. 

AC  coupled,  30  Hz  to  100  MHz. 

SemMvIly: 

10  mV  rmi  sine  wave  to  10  MHz. 

2S  mV  rmi  sine  wave  to  100  MHz. 

75  mV  peak-to-peak  pulse  at  minimum  pulse  width  of  5  ns. 
Sensitivity  can  be  varied  continuously  up  to  SOO  mV  rms 
NOMINAl  by  adjusting  sensitivity  control.  In  sensitivity 
mode,  trigger  level  is  automaticaiiy  set  to  OV  NOMINAL. 
Dynamic  Range: 

30  mV  to  5V  peak-to-peak,  0  to  10  MHz. 

75  mV  to  5V  peak-to-peak,  10  to  100  MHz, 

Signal  Operating  Range:  -t-lSV  dc  to  -2.5V  dc. 

CoupNng:  AC  or  DC,  switchable. 

Mter:  Low  pass,  switchable  in  or  out  of  Channel  A. 

3  dB  point  of  NOMINAUV  100  kHz. 

Impedance: 

1  MH  NOMINAL  shunted  by  less  than  40  pF. 

Attenuator:  XI  or  X20  NOMINAL. 

Trigger  Level:  Variable  between  4-2.SV  dc  and  -2.5V  dc. 

Slope:  Independent  selection  of  or  -  slope. 

Common  Input:  All  specifications  are  the  tame  for  Common  A 
except  the  following; 

Sensitivity:  20  mV  rms  sine  wave  to  10  MHz, 

50  mV  rms  sine  wave  to  100  MHz,  150  mV  peak-to-peak. 
Dynamic  Range;  60  mV  to  5V  peak-to-peak  0-10  MHz, 

150  mV  to  SV  peak-to-peak  10-100  MHz. 

Impedance:  500  kfl  NOMINAl  shunted  by  less  than  70  pF. 
Damage  level; 


AC  &  DC  X  1: 

DC  to  2.4  kHz 
2.4  kHz  to  100  kHz 
>100  kHz 
AC  &  CX;  X  20: 

DC  to  28  kHz 
28  kHz  to  100  kHz 
>100  kHz 


250V  (DC  +  AC  rms) 

(6  X  10SV  rms  x  Hz)/FREQ 
6V  rms 

500V  (DC  AC  peak) 

(1  X  lorv  rms  x  Hz)/FR£Q 
100V  rms 


Range:  .1  Hz  to  100  MHz,  both  c..annelt. 

LSD: 

ZS  X  Fenod  „  _  .  .  .  j 

— - — - —  X  Ratio  .rounded  to  nearest  decadei. 
Cate  rinse 

where  “Period"  is  the  period  of  the  highest  frequency 
input  signai. 


X  Ratio. 


FREQ  A  >  FREQ  8 

Cate  Time 
FREQ  8  >  FREQ  A 

ZS  X  Period  A 
Cate  Time 

+  A+  B  Trigger  Error 
Cate  Tiine 

Accuracy:  Same  as  resoiution. 


X  Ratio 

(Rounded  to  nearest  decade) 
X  Ratio 


TOTALIZE 

Manual: 

Range;  0  to  100  MHz. 

A  Caled  By  8: 

Totalizes  input  A  between  two  events  of  8.  Instrument  must  be 
reset  to  make  new  measurement.  Cate  opens  on  A  slope,  closes 
on  8  slope. 

Range:  0  to  100  MHz. 

Resolution;  ±1  count. 

Accuracy:  ±1  count  ±  8  Trigger  Error  X  Frequency  A. 


PERIOD 

Range;  10  ns  to  10^  s. 

ISO  Dtapiayed:  100  ns  to  1  fs  depending  upon  gate  time  and 
input  signal.  At  least  7  digits  displayed  per  second  of 
gate  tinw. 

Resolutiont 

For  PER  >100  ns; 

tLSDttti.4x 

Cate  Time 

For  PER  <100  ns;  ±  ISDtt 
Accuracy:  ±  Resolution  t  (time  base  error)  x  PER. 


FREQUENCY  (Channel  A) 

Range:  .1  Hz  to  100  MHz. 

ISD  Obpiayed:  10  Hz  to  1  nHz  depending  upon  gate 
time  and  input  signal.  At  least  7  digits  displayed  per 
secorul  of  gate  time 
tRcsoludon: 

For  FREQ  <10  MHz; 

-SrISf 

For  FREQ  >10  MHz;  iLSOtt 
Accuracy:  ±  Resolution  ±  .time  base  error)  x  FREQ. 


X  FREQ. 


tBest  Case  Resolution  for  1  Second  Cate 


walk 

thMi 

10  Wt 

100  UOi 

iMMt  lOMHt 

NOMMl 

SO  mV  rim 

2.000*  Ht 

200040  Ht 

20014  Ht 

2.01  Ht 

21  Ht  21  Ht 

210  Ht 

100  mV  rmi 

-OOOZHi 

-OOOZSHi 

2.001ZHt 

201  Ht 

21  Ht  2l  Ht 

210  Hi 

SCO  mV  imt 

-.OOOOSHI 

200014  Ht 

2.0011  Hi 

201  Ht 

21  Ht  21  Hi 

210  Ht 

IV  nm 

2.00003  Hi 

200013  Ht 

2.0010  Ht 

201  Ht 

21  Ht  21  Hi 

210  Ht 

Thu  chan  ihOM  (mm  c*m  fraqiwncy  raMluiion  vcruit  input  tin*  ww*  mi»  ampMiud*. 
Tint  If  bt«  cut  btcwi*  non*  from  ill*  i>(nil  tourc*  n  «Mni*d  to  b*  i*fa:  Ih*  infacr 
tno<  It  p(oduc*d  only  by  th*  counwr't  non*  u  *.,  1ZD  itV  rmti. 

trOu*  to  (fiihmdic  truncation,  puantiiallen  *rrcr  tni  b*  t1  or  tZ  cauno  al  iti* 

ISO  <lcatt  Sifnilicani  Difiti  at  Mtotn;  ,  ~ 

counts  o<  ISO  a  <1 X  H-r,  flUQ  <10  KOU. 


vouno  o*  ■  FWQ  Vftn  ^  iwertst 

tz count.,: ISO H  <’'-iatt|^,ntiq2i0MHt. 

21  eouM  of  ISOIotaaadMf  ctm. 


Model  S^ICA 
Ccnerel  Information 


Tabk  t-t  Model  S31tA  Specifkuioni  (Continued) 


hmeintbival 

lUneii  100  m  to  10*  V 
tap  100  m. 

KmoMoii:  £  iso  t  Sun  Trigger  Error  t  Slop  Trigger  Error. 
Accwaqr:  t  RcMiutun  1  ‘time  base  errori  x  T.l. 

TIMi  INTBIVAL  AVERAGE 


iangi:  0  m  to  10*  s. 

UO  OMayed:  100  m  to  10  pt  (iependirtg  upon  gate  time 
and  input  signal.  See  ubie  in  DeAnitiorts  section. 


Accuracy:  ±  Resolution  ±  itime  base  errori  x  T.l.  ±4  m 
Number  of  iNervab  Averaged  (N):  N  =  Cate  Time  x  FREQ 
MMmum  Dead  Time  (Hop  to  atari):  200  m 


TIME  INHRVAL  DEUY  (Holdoff) 

Front  panel  gate  time  knob  inserts  a  variable  delay  oi 
NOMINAU.V  SOO  /iS  to  20  ms  between  START  <Channel  Ai  and 
enabling  of  STOP  'Channel  8>.  Electrical  inputs  during  delay  lime 
are  ignored.  Delay  time  rnay  be  measured  by  simultaneously 
pressing  T.l.  Average.  T.l.  Deby,  and  Blue  Shih  key.  Other 
specifications  oF  T.l.  Delay  are  identical  to  Time  Interval. 

TIME  BASE 

ffe<|ueocy;  10  MHz. 

Aging  Rale;  <3  x  10-^/mo. 

Temperature:  <S  x  10^,  0  to  50*C. 
line  VoMage:  SI  X  lO-i'  for  :10%  variation. 

OicSalor  Output:  10  MHz,  SO  mV  p-p  into  500. 

External  Frequency  SUndard  Input;  1,  5, 10  .MHz.  1V  rms  into  5000. 
on  rear  panel:  6V  rms  maximum. 

GENERAL 

Trigger  Level  Outpsit:  rS%  :1S  mV,  over  ^ZOV  dc  range  at  front 
panel  test  connectors. 

Chcdi:  Counts  internal  10  MHz  reference  frequency  over 
gate  time  range  NOMINALLY  SOO  ms  to  30  ms. 
brorlighl:  LEO  warning  light  activated  if  logic  error  is 
found  during  instrument  turn-on  self-check. 

Ohplay:  8-digit  LEO  dispby,  with  engineering  units  annuncaior. 
OverAow:  Only  frequeiKy  and  toulize  nwasurements  will  over¬ 
flow.  In  case  of  overflow,  eight  least  significant  digis  will  be 
dispbyed  and  front  panel  overflow  LEO  will  be  aauated.  All 
other  measuremens  which  would  theoretically  cause  a  display 
of  more  than  eight  digits  will  result  in  the  display  of  the 
eight  most  significant  digits. 

Gate  lime:  Continuously  variable,  NOMINALLY  from  60  ms 
to  10  s  or  1  period  of  the  input,  whKhever  is  longer. 

For  FREQ  A,  a  shorter  gate  time  of  SOO  ms-30  ms  is  selecuble 
by  simuhaneously  pressing  T.l.  Deby  and  Toulize  keys. 

Sample  Rate:  Up  to  seven  readings  per  second  NOMINAL 
except  in  time  interval  mode,  where  it  is  continuously 
varbble  NOMINALLY  from  four  readings  per  second  to  1 
reading  every  10  seconds  vb  Cate  Time  control. 

Opening  Temperatoic:  0*  to  50*C 
Peevei  RegubeinenP:  Selecuble  100, 120, 220,  or  240V 
(+5%,  -Wbi  48-66  Hz;  30  VA  maximum. 

I  OimemioM:  212  mm  W  X  88  mm  H  X  415  mm  D 
<8HX3Vixl04in.). 


Wtli^  Net,  3.9  kg  li  fci.  10  oz.);  Shipping,  6,3  kg  i14  Ibs.i. 

Rack  and  slack  metal  case  with  rear  panel,  switchable  AC 
power  line  module. 

Radt  Mount  KR:  $061-0072  recommended. 

HP  INTERFACE  BUS  (HP-IB) 

Deb  Oulpiri 

fonnal:  'alpha  character:  ±  iReadingi  >Exponenti  i  '2  digits'. 
OaU  OiApiri  Rate:  ~7  Readings/second  rtux.  .10  in  short  C.T.. 
Talt  Only  Mode:  Selectable  by  rear  panel  switch. 

Operating  Coniinandi 

S316A;  Reset,  Initialize  ito  FREQ  Ai,  Wait  Slate  ON/OFF, 

Service  Request  Enabled/Disabled.  Cate  rime  Range. 
HP-18:  Croup  Execute  Trigger,  Device  Clear,  Selected 
Device  Clear,  Interface  Clear,  Local,  Remote,  Local 
Lockout,  Read  Status  (Serial  Poll  Enable;. 

Programmabie  Controh  and  Functiom 
Frequency  Functiom:  FREQUENCY  A.  FREQ  A  ARMED  BY  B. 

TOTALIZE,  A  GATED  BY  B,  RATIO  A/B,  and  FREQ  C. 

Period  Function:  Period  A. 

Time  bitervai  Functiora:  Time  Interval  A-B.  Time  Interval 
Average  A-B,  Time  Interval  Delay. 

Trigger  Level  Commandi:  Set  Channel  A  Slope  ±i,  set 
Channel  B  Slope  i+i.  A  Trigger  Level:  tX.XX,  B  Trigger 
Level;  iX.XX. 

Calc  Time  Comnund:  Sets  Cate  Time  Range. 

Muedaneoux  Functiom:  Cate  Time  Check,  Display 
Test,  10  MHz  Check,  Interface  Test. 

OPTIONS 

OPTION  001;  High  Stability  Time  Base  TCXO 
Frequency;  10  MHz. 

Aging  Rale;  <1  x  lo-7/mo. 

Temperature:  <1  x  10-*.  0®  to  40®C. 

Unc  Vokage:  <1  x  lo-*  for  ;10%  variation. 

OPTION  083:  C  Channel 
Inpsit  Cturacteristics 

Range;  50  to  1000  MHz.  prescaled  by  10. 

Sensitivity;  IS  mV  rms  sine  wave  -23.5  dBm'  to  650  MHz. 
75  mV  rms  sine  wave  -9.5  dBmi  to  1000  .MHz. 

Sensitivity  can  be  decreased  continuously  by  up  to  20  dB 
NOMINAL.  SO  to  500  MHz  and  10  dB  NOMINAL,  SOO  to 
1000  MHz  by  adjusting  sensitivity  control.  Trigger  level 
IS  fixed  at  OV  NOMINAL. 

Dynamic  Range: 

15  mV  to  IV  rms  '36  dB',  50  to  650  MHz. 

75  mV  to  IV  rms  .20  dBi.  650  to  1000  MHz. 

Signal  Operating  Range:  (-SV  dc  to  -5V  dc. 

Coupiing :  AC 

Imp^nce:  50(1  NOMINAL  (VSWR,  IZStl  TYPICAL). 
Damage  level:  ±8V  iDC  +  AC  peak',,  fuse  protected. 

Fuse  located  in  BNC  connector. 

Frequency 

Range:  50  to  1000  MHz. 

LSD  Dispbyed;  100  Hz  to  1  Hz  depending  upon  gate 
time.  At  least  7  digits  per  second  of  gate  time. 

ISO,  Resolution  and  Accuracy:  Same  formulas  as  for 
Frequency  A  except  "Gate  Time"  term  becomes 
"(Cate  Tlmei/10". 


Hewlett  Packard  5180A  Waveform  Recorder 


The  following  is  an  excerpt  of  Hewlett  Packard  Waveform  Recorder, 
Model  5180A,  Operating  and  Programming  Manual,  January  1982. 


Table  1-1.  Model  SIdOA  Specifications 
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Table  1-1  Model  S180A  Specifications  {ContinuctQ 


•m  logic  levels  —  Posiiive/negaiive  logic  selectable  by  iotental  switch 


Table  1-1.  Model  5180A  Specifications  Continued) 
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Tektronix  DM  501A  Digital  Multimeter 


The  following  is  an  excerpt  of  Tektronix  Digital  Multimeter,  Model 
DM  501A,  Instruction  Manual,  June  1979. 


Ibkfcfonbc* 

COMMnTEO  TO  EXCEUJENCE 


PLEASE  CHECK  FOR  CHANGE  INFORMATION 
AT  THE  REAR  OF  THIS  MANUAL. 


DM  501A 
DIGITAL 
MULTIMETER 


INSTRUCTION  MANUAL 


TtMronIx,  tnc. 

P.O.  Box  500 

Boavorton,  Oragon  97077  Sarial  Number 


07<V274940 
yroduo!  Qroup  75 


BnitPrtntinaJUM  laTa 


SPECIFICATION 


Section  1-OM  9t1A 


Introduction 

The  DM  501 A  Digital  Multimeter  measures  dc  voltage 
and  current,  ac  voltage  and  current,  dBm.  dBV.  resistance, 
and  temperature.  The  ac  functions  are  ac  coupled  only, 
true  rms  responding.  All  the  functions  and  ranges  are  front 
panel  push  button  selected,  including  the  rear  interface 
connector  input. 


Readout  m  dBm  or  dBV  is  selected  by  an  internal 
jumper.  The  unit  is  shipped  witii  the  internal  jumper  in  the 
dBm  position. 


The  readout  is  a  0.4"  high.  4  1/2  digit  display  using 
seven  segment  LEO.  The  decimal  point  is  automatically 
positioned  depending  on  the  selected  operating  range  of 
the  instrument.  Polarity  indication  is  automatic 


Accessories 

Standard  accessories  include  this  instruction  manual,  a 
set  of  test  leads  and  the  TEKTRONIX  P6601  temperature 
probe  with  its  instruction  manual. 


The  P6601  temperature  probe  and  temperature 
measurement  capabilities  are  deleted  for  Option  2  in¬ 
struments. 


PerfonnaiKe  Conditions 

The  electrical  characteristics  are  valid  only  if  the 
DM  501 A  has  been  calibrated  at  an  ambient  tempe'’ature 
between  -^2rCand  *25°  C  and  is  operating  at  an  ambient 
temperature  between  0°C  and  *50°  C,  unless  otherwise 
noted. 


Items  listed  in  the  Performance  Requirements  column 
of  the  Electrical  Characteristics  are  verified  by  completing 
the  Performance  Check  in  the  Calibration  section  of  this 
manual.  These  items  are  either  explanatory  notes  or 
performance  characteristics  for  which  no  limits  are 
specified. 


Table  M 

ELECTRICAL  CHARACTERISTICS  (Front  Panel) 

Characteristics  Performance  Requirements  Supplemental  information 

DC  VOLTMETER 

I 

Accuracy  for  200  mV.  2  V.  20  V 
200  V  and  1000  V  ranges 

*18°C  to  *28°C 


200  mV  range  ,  r(0.05%  of  reading  -  0.015%  of  full 

!  scale) 


2  V  to  200  V  ranges  ] 

- -  - - - - -j 

±(0.05%  of  reading  ±  0.01%  of  full 
scale) 

1000  V  range 

±(0.05%  of  reading  -r  0.02%  of  full 

1  scale) 

L,.  .  .. 

0°C  to  ■r18°C.  *28°C  to  ^-50°C  : 

200  mV  to  200  V  range 

±(0.1%  of  reading  4-  0.025%  of  full 
scale) 

1000  V  range 

±(0.1%  of  reading  +  0.05%  of  full 

1  scale) 

•pMMcottoA-OM  MIA 


TaM«  1*1  (cent) 

Charectcfisttca 

Performance  ftequirementa 

Supplemental  information 

DC  VOLTMETER  (cent) 

Common  Mode  Reiection  Ratio 

l(X)  dB  at  dc. 

80  dB  at  50  and  60  Hz. 

With  a  1  kO  unbalance. 

Normal  Mode  Rejection  Ratio 

60  dB  at  50  or  60  Hz  ^0.2  Hz. 

Maximum  Resolution 

10 /iV. 

Step  Response  Time 

<1  second. 

Input  Resistance 

to  MO  ±0.5%. 

Maximum  input  Voltage 

VOLTS/n  to  LOW 

1000  V  peak. 

VOLTS/  0  to  ground 

1000  V  peak. 

LOW  to  ground 

1 

1 

1000  V  peak. 

Input  Connectors  j  i  Front  panel  (EXT)  or  rear  interface 

_ ^ _ I  (INT)  _ 


AC  VOLTMETER  (TRUE  RMS) 


Accuracy  for  200  mV,  2  V.  20  V 

200  V  and  500  V  ranges 

-18®C  to  -28'C 

Input  signal  must  be  between  5%  and 
100%  of  full  scale.  The  500  V  range 
requires  a  dynamic  input  signal 
between  500  V  and  100  V  rms 

200  mV  to  200  V  ranges  i  j 

40  Hz  to  10  kHz  ±(0.6%  of  reading  -  0  05%  of  full  | 

scale)  1 

1  j 

20  Hz  to  40  Hz  and  i  ±(  1  0®''o  of  reading  -  0.05%  of  full  j 

10  kHz  to  20  kHz  i  scale)  ; 

500  V  range  ! 

40  Hz  to  10  kHz  '■  ±(0.6%  of  reading  -  0  2%  of  full  1 

;  scale)  i 

20  Hz  to  40  Hz  and  j  ±(1  O^-b  of  reading  -  0.2%  of  full 

10  kHz  to  20  kHz  !  scale) 

0“C  to  -18°C.  -28°C  to  -50‘’C 

200  mV  to  200  V  ranges 

40  Hz  to  10  kHz 

±(0.8%  of  reading  —  0.075%  of  full 
scale) 

20  Hz  to  40  Hz  and 

10  kHz  to  20  kHz 

±(1.3%  of  reading  0.075%  of  full 
scale) 

500  V  range 

40  Hz  to  10  kHz 

±(0.8%  of  reading  +  0.3%  of  full 
scale) 

20  Hz  to  40  Hz  and 

10  kHz  to  20  kHz 

±(1.3%  of  reading  -r  0.3%  of  full 
scale) 

tp«dfle«tion-OM  S01A 


T«M«  1-1  (cont) 

Charaeitrtetlct 

Pertormance  Requirements 

Supplemental  Inlormatlon 

AC  VOLTMETER  (TRUE  RMS)  (cont) 

Common  Mode  Rejection  Ratio 

60  dB  at  50  and  60  Hz. 

With  a  1  kO  unbalance. 

Maximum  Resolution 

10 /iV. 

Response  Time 

<2  seconds. 

Input  Impedance 

10  MO  =0.5%  paralleled  by  160  pF 

Input  Connectors 

Front  panel  (EXT)  or  rear  interface 
(INT). 

Maximum  Input  Voltage 

VOLTS/n  to  LOW 

500  V  rms  or  600  Vdc  not  to  exceed 
1000  V  peak. 

VOLTS/n  to  ground 

1000  V  peak. 

LOW  to  ground 

1000  V  peak. 

^t  Factor 

4  at  full  scale. 

✓ 

DECIBELS  {d8)-TRUE  RMS 

or  -40  dB.  -20  dB, 

-  dB  and  -40  dB  ranges 

t 

-18*C  to  -^-28‘’C 

-20dBto-15dB 

=0.5  dS  20  Hz  to  20  kHz 

-15  dB  to  -20  dB 

=0.5  dB  20  Hz  to  2  kHz 
=  1.5  dB  2  kHz  to  10  kHz 

Typically 

■:  =2.5  dB  10  kHz  to  20  kHz. 

O-C  to  -lO’C,  ~26’‘C  to  -50*0 

-20  dB  to  -15  dB 

±1.1  dB20Hz  to  20  kHz 

-15  dB  to  -20  dB 

=1.1  dB20Hz  to  2  kHz 
=2.1  dB  2  kHz  to  10  kHz 

Typically 

<  =3.1  dB  10  kHz  to  20  kHz. 

Maximum  Resolution 

0.1  dB. 

Response  Time 

<2  seconds. 

Input  Impedance 

10  MO  paralleled  by  160  pF. 

Maximum  Input  Voltage 

VOLTS/0  to  LOW 

500  V  rms  or  600  Vdc  lo  exceed 

1000  V  peak." 

VOLTS/n  to  ground 

1000  V  peak. 

LOW  to  ground 

1000  V  peak. 

*CQiJival«nt  to  S4  dtV  or  S6.2  dBm. 


tpecHicalton-OM  SOIA 

TeMe  1*1  (cent) 

• 

Characterlallcs 

Performance  Requlrementa 

Supplemental  Information 

Crtst  Factor 


Ref  Voltage 
dBV 


dBm 


Input  Connectors 


Accuracy  for  200  0.  2  kO.  20  kO, 
200  kO,  2000  kO  and  20  MQ  ranges. 

+18"C  to  +28'C 

200  0  to  200  kO  LO  Q 
2  kn  to  2000  kfl  HI  0 


2000  kO  LO 


20  MO  HI  0 


O'C  to  -lO-C.  ■“28‘‘C  to  tSO'C 

200  0  to  200  kO  LO  0 
2  kO  to  2000  kO  HI  0 


2000  kO  LO  0 
20  MO  HI  0 


Maximum  Input  Volts  Any  Range 


Measuring  Current  and  Full 
Scale  Volts 


4  at  full  scale. 


0.7746  V  (1  mW  dissipated  into 
GOO  0).  Selected  by  internal 
jumper. 


Front  panel  (EXT)  or  rear  interface 
(INT). 


OHMMETER 


^(0.15%  of  reading  0.015%  of  full 
scale) 


r(0.3%  of  reading  +  0.015%  of  full 
scale) 


r(0.5%  of  reading  +  0.015%  of  full 
scale) 


±(0.3%  of  reading  0.025%  of  full 
scale) 


r(1.2%  of  reading  -  0  025%  of  full 
scale) 


Source 

V  Max  at 

Range 

Current 

1 

Full  Scale 

L - 

200 
2 
20 
200  kO 
2000  kC 


20 


1.0  mA 
1.0  mA 
0.1  mA 


1 

200  0 

1.0  mA 

0.2 

2  kO 

0.1  mA 

0.2 

20  kO 

10.0 

0.2 

200  kn 

1.0  //A 

0.2 

2000  kO 

0.1  /iA 

0.2 

20  MO 

0.1  //A 

2.0 
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TaM«  M  (e«nl) 


CharadtfMtet 

Rerfennaoce  Requirements 

tuppiementat  Intermallon 

•  .  . . .  ■  ■ 

Maximum  Resolution 

1 

10  mO. 

Response  Time  j 

<2  seconds,  200  0  to  2000  kO. 

<10  seconds,  20  MO  scale. 

Maximum  Open  Circuit  Voltage 

<6V. 

^  Input  Connectors 

Front  panel  (EXT)  or  rear  interface 
(INT). 

DC  AMMETER 

Accuracy  for  200  /iA.  2  mA.  20  mA. 
200  mA  and  2000  mA  ranges. 

®  +18'»Ctc  *-28*C 

±(0  2%  of  reading  0.015%  of  full 
scale) 

0*C  to  -18’’C.  -^28‘‘C  to  -50“C 

1 

:r(0.3%  of  reading  0.025%  of  full 
scale) 

i 

•  Response  Time  | 

i 

1 

<1  second. 

input  Resistance 

1 

Range 

Approximate 

Resistance 

i 

200  uA 

1.0  kO 

2  mA 

100.0  0 

20  mA 

10.2  n 

» 

i 

200  mA 

1.2  0 

2000  mA  1  0.4  0 

Maximum  Input  Current  ! 

2  A  any  range. 

Maximum  Open  Circuit  Input 

Voltage  (mA  to  LOW)  1 

250  V  peak. 

0  Maximum  Floating  Voltage 

mA  to  ground 

1000  V  peak. 

LOW  to  ground 

1000  V  peak. 

Input  Connectors 

Front  panel  only. 

Maximum  Resolution 

10  nA. 

^  AC  AMMETER 

Accuracy  for  200  /iA,  2  mA.  20  mA. 

200  mA  and  2000  mA  ranges. 

20  Hz  to  10  kHz  (Sinewave) 

-IS’C  to  -2‘''’C  r(0.6%  of  reading  -  0.05%  of  full 

#  ;  scale) 

!  Input  current  must  be  between 

5%  and  100%  of  full  scale. 

0“C  to  -^lO^C.  •r28'’C  to  -50*cj  c:{0.7%  of  reading  -  0.075%  of  full 

!  scale) 

Usable  to  20  kHz. 

Response  Time 

<2  seconds. 

^  Input  Resistance 

Range 

Approximate 

Resistance 

I 


Tabta  1-1  (eont) 


CharaetcritUct  | 

Parformane#  Paquiramania  ! 

Suppla«nanlal  Information 

• 

AC  AMMETER  (cont) 

r 

Maximum  input  Currant 

j 

1 

2  A  any  range. 

Maximum  Opan  Circuit  Input  \ 

Voltaga  (mA  to  LOW)  ! 

250  V  peak. 

B 

Maximum  Floating  Voltaga  | 

i 

mA  to  ground  | 

1000  V  peak. 

LOW  to  ground 

1000  V  peak 

• 

Input  Connactors  1 

Front  panel  only. 

1 

Maximum  Resolution 

10  nA 

TEMPERATURE 

Accuracy  for  the  -62"  C  to 
-240*0  range. 

• 

+ 1 8* C  to +28*  C  ambient  j 

Probe  calibrated  to  \ 

instrument  i 

=2*C  from  -62*C  to  -150*C. 

-0*  C  to  -6*  C  from  *  150*  C  to  -240*  C 

• 

Any  probe  1 

_  1 

=4»C  from  -62*  C  to  -150*C. 

-2*  C  to  -8“  C  from  ISO"  C  to  -^240*  C. 

0*C  to  -18"C.  +28"C  to  -50"C  ' 

Add  1.5*  C  to  the  above  tolerance  m 
each  direction. 

• 

Input  Connectors 

ELECmiCAi  CHARACTERitTICt  (Mtar  tnl«d«c«  Inputs) 


Chsractsristlcs 

- - 

Performance  Requirements 

Supplemental  Information 

Maximum  Input  Voltage  (dc.  ac. 
dB.  and  ohms) 

1 

j 

Pin  28B  to  aSA 

i 

.  1 

!  i 

i  2 

_ 1 _ _ _ 

200  V  peak.  Equivalent  to  43  dBV 
or  45.2  dBm. 

Pin  28B  to  ground  I 

200  V  peak 

Pin  28A  to  ground  ! 

200  V  peak. 

OC  VOLTMETER  (REAR  INTERFACE  INPUTS) 

Accuracy  for  200  mV,  2  V,  20  V. 
200  V  and  1000  V  ranges. 

— 1 

i  1 

1 

1 

-iS'Cto  -28*0 

! 

200  mV  range 

r(0  05%  of  reading  -  0  015%  of  full 
scale) 

2  V  to  200  V  range 

i  r(0.05%  of  reading  -  0.01%  of  full 
'  scale) 

1000  V  range 

,  r(0.05%  of  reading  0.02%  of  full 
i  scale) 

O'C  to  -18*C.  f28'C  to  -50“C  : 

200  mV  to  200  V  range 

:(0.1%  of  reading  -  0.025%  of  full 
scale) 

1000  V  range 

z[0  1%  of  reading  -  0.05%  of  full 
scale) 

(continues  on  next  pege) 


|#mMmIIO(»-0M  S91A 


T«M«  1-1  (cont) 


ClMradtHtllcs 


Ndormanc*  ftaquirMitnlt 


l«ippl«n«nlii  ln(«miaMo«i 


AC  VOLTMETER  (REAR  INTERFACE  INPUTS) 


Accuracy  for  200  mV.  2  V.  20  V.  | 

200  V  and  500  V  ranges.  | 

-t8*C  to  ■•■28‘C 

Input  Signal  must  be  between  5%  and 

100%  of  full  scale  input.  The  500  V 

range  is  limited  to  between  200  V 

peak  and  1X  V  rms.  # 

200  mV  to  200  V  range 

40  Hz  to  10  kHz 

i(1.6%  of  reading  0.05%  of  full 
scale) 

20  Hz  to  40  Hz  and 

10  kHz  to  20  kHz 

±(2.0%  of  reading  0.05%  of  full 
scale) 

• 

500  V  range 

40  Hz  to  10  kHz 

±(1.6%  of  reading  -  0  2%  of  full 
scale) 

_ _ _ _ _ 

20  Hz  to  40  Hz  and  |  r{2.0^'b  of  reading  -  0.2%  of  full 

10  kHz  to  20  kHz  '  scale) 

• 

0*C  to  -^18*C.  -28'’C  to  -^SO'C 

200  mV  to  200  V  range 

40  Hz  to  10  kHz 

±(1.8%  of  reading  -  0.075%  of  full 
scale) 

• 

20  Hz  to  40  Hz  and 

10  kHz  to  20  kHz 

±(2.3%  of  reading  -  0.075%  of  full 
scale) 

J _ 

500  V  range  ' 

40  Hz  to  10  kHz  ;  r(1.8%  Of  reading  -  0.3%  of  full 

'  scale) 

- ! - 

20  Hz  to  40  Hz  and  !  r(2.3%  of  reading  -  0.3%  of  full 

10  kHz  to  20  kHz  j  scale) 

_  _ _ ^ 

I 

• 

i 

j 

t 

1 

DECIBELS  (<1B)-TRUE  RMS  (REAR  INTERFACE  INPUTS) 


Accuracy  for  -40  dB,  -20  dB. 

0  dB.  -20  dB  and  -40  dB  ranges 

-IS-Cto  -28‘’C 


-20dBto-15dB  ,  rO.6  dB  20  Hz  to  20  KHz 


- - - 

-15dBto-20dB  ,  :0.6  dB  20  Hz  to  2  kHz 

;  .-1.6  dB  2  kHz  to  10  kHz 

Typically 

<2.6  dB  10  kHz  to  20  kHz 

O'C  to  -lO'C.  -28»C  to  -SO’C 

-20  dB  to  -15  dB 

±1.2  dB  20  Hz  to  20  kHz 

• 

-15  dB  to  -20  dB 

±1.2  dB  20  Hz  to  2  kHz 
±2.2  dB  2  kHz  to  10  kHz 

Typically 

<3.2  dB  10  kHz  to  20  kHz 

14 
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Table  M  (cant) 

Ch«rad«r1tllcs  1 

-  M  ■  -  — ...  —  ■■■  .1 

Supplemenlal  InfarmaUeit 

OHMMETER  (REAR  INTERFACE  INPUTS) 

Accuracy  for  200  0.  2  KO,  20  kO,  ! 
200  kO.  2000  kO.  and  20  MQ  ranges 

j 

^18*Cto  ■^28*C 

1 

! 

200  a  to  200  kO  LO  Q 

2  kO  to  2000  kO  HI  0 

t(0.l5S  of  reading  *  0.015S  of  full 
scale)  '  0.02  0 

! 

1 

2000  kO  LO  n 

i(0  3S  of  reading  -  0.01 of  full 
scale)  -  0  02  0 

j 

i 

20  MO  HI  n 

1(0.5%  of  reading  -  0.015%  of  full  i 

scale)  -  0.02  0  i 

0‘‘C  to  -is-c.  -28°C  to  -SO^C 

! 

i 

f 

200  n  to  200  kO  LO  0 

2  kO  to  2000  kQ  HI  0 

ti'O  3%  of  reading  -  0  025®o  of  full 
,  scale)  -  0  02  0 

2000  kO  LO  Q 

20  MO  HI  Q 

.  r(1.2%  of  reading  -  0.025%  of  full 
:  scale)  -  0.02  0 

Characitristics 


Power  Consumption 
Reading  Rate 
Over-range  Indication 
Calibration  Interval 
Warm-up  Time 


TaWt  1-2 

MISCELLANEOUS 


Otacrlplion 


Approximately  9  watts. 

3  1/3  per  second. 

Flashing  display  except  on  500  Vac  and  1000  Vdc  ranges. 

1000  hours  of  operation  or  6  months,  whichever  occurs  first. 

30  minutes  (60  minutes  after  storage  in  high  humidity  environment). 
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TaM«1*S 

ENVIRONMENTAL' 


Otteriptlpn 


Temperature 

Operating 

0"Cto  -50-C* 

Meets  or  exceeds  MIL-T-26800B.  class  5 
with  exceptions.* 

Non-operating 

-55*0  to  ‘TS-C 

• 

Humidity 

:  9SS  to  100%  for  S  days 
(derated  above  25*0) 

Meets  or  exceeds  MtL-T-28800B.  class  5 

Altitude 

Operating 

4.6  km  (15.000  ft) 

Meets  or  exceeds  MIL-T-288(X}B.  class  3.  ^ 

Non-operating 

U  km  (50.000  ft) 

Vibration 

0.64  mm  (0  025")  disp. 
5-55-5  Hz''  {Sine  wave) 

75  min.  total 

Meets  or  exceeds  MIL-T-28800B.  class  3 

Shock 

30  g  s  {half  sine) 

11  ms  18  shocks*' 

Meets  or  exceeds  MIL-T-288008.  class  3  ® 

Bench  Handling 

Operating 

45®  or  4"  or  equilibrium*', 
whichever  occurs  first. 

Meets  or  exceeds  MIL-T-28800B.  class  3. 

• 

6.M.C. 

Operating 

30  Hz  to  1  GHz' 

Meets  or  exceeds  MIL-T-28800B.  class  3. 

Electrical  Discharge 

Operating 

20  kV  max.’ 

No  MIL-T-28800  equivalent  Charge  applied  to  H 

each  protruding  area  of  the  front  panel 
except  the  input  connectors 

Transportation 

Vibration 

25  mm  (1  inch  at  270  rpm 
for  1  hr)' 

National  Safe  Transit  Association 

Preshipment  Test  Procedures  protect:  ^ 

1A-e-l  and  1A-B-2. 

Package  Drop 

10  drops  from  3  ft 
(91  cm)' 

‘S«t  Table  1-4  lor  systcni  modilitrs. 

Ninth  power  module. 

"WHheuI  power  module. 

^Temperature:  During  low  temperature  test  Mlt.-T-2tt00S  paragraph  4.S.5.1.3  (b)  lor  daaa  S,  itepa  4  and  5  shall  be  performed 

before  step  2.  Also,  the  instrument  shall  not  be  operating  during  step  f,  paragraph  4.5.S.1.3  (e).  daaa  1  While  operating, 

condensed  moisture  shali  not  be  present  on  dsss  S  instruments.  Drying  of  the  instrument  for  this  dass  may  be  performed  In  a  % 

suitable  chamber.  H  necessary. 
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TM  SOO  SYSTEMS 
ENVIRONMENTAL  SPECIFICATION 

ChfdtritHo  TMS01  TM5M  TM  504  TM  SOS  TM  SIS 

Temperature  Meets  same  test  standards  as  piug*in. 

Operating 

Non<operating 

Humidity  Meets  same  test  standards  as  plug*in. 

Operating 

Non-operating 

Altitude  Meets  same  test  standards  as  plug-in. 

Operating 

Non-operatmg 

Vibration  i 

Operating  0.26  mm  (0.010  in.)  disp..  10-55  Hz  (sine  wave).  j  0.38  mm  (0.015  in.) 

75  min.  total.  j  disp.  10-55  Hz  (sine 

!  wave)  75  min. 


Shock  I 

I 

Operating  20  g's  (1/2  sine)  11  ms.  18  shocks  '<  30  g  s  (1/2  sine) 

I  11  ms.  18  shocks. 

Bench  Handling  Meets  same  test  standards  as  plug-m. 

Operating 

Electric  Discharge  Meets  same  test  standards  as  plug-m. 

Operating 

Transportation  Meets  same  test  standards  as  plug-in. 

Vibration 
Package  Drop 


Table  1-$ 

PHYSICAL  CHARACTERISTICS 

Characteristics 

Description 

Finish 

Anodized  aluminum  panel  and  chassis. 

Net  Weight 

»2.5  lbs  (1.13  kg). 

Overall  Dimensions 

2.633  in.  (66.8  mm)  W  x  11.240  in.  (285.3  mm)  D  x  4.961  in.  (125.9  mm)  H. 

Tektronix  FG  504  40MHz  Function  Generator 


The  following  is  an  excerpt  of  Tektronix  40MHz  function  Genera¬ 
tor,  Model  FG  504,  Instruction  Manual,  May  1982. 
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SPECIFICATION 


Introduction 

The  FG  504  Function  Generator  provides  low  distortion 
sine,  square,  triangle,  ramp,  and  pulse  waveforms  over  the 
frequencies  from  0.001  Hz  to  40  MHz  in  ten  decades.  A 
user-definable  custom  frequency  range  is  also  available. 
The  output  amplitude  is  10  mV  to  3C  V  peak-to-peak  into 
an  open  circuit  and  5  mV  to  1 5  V  peak-to-peak  into  a  50  0 
load  The  output  impedance  is  50  Q.  The  FG  S04  may  be 
swept  between  the  START  and  STOP  FREQ  dial  settings 
with  a  linear  or  logarithmic  sweep.  The  output  may  be 
phase  locked,  gated,  or  triggered  for  single  cycle  output 
The  output  waveform  may  be  shifted  rSO”  from  the 
triggering  waveform.  The  symmetry  of  the  output  wave¬ 
form  may  also  be  varied  For  the  slower  frequencies,  the 
output  may  be  held  at  any  level  by  pushing  the  front  panel 
button  labeled  HOLD 


A  voltage-controlled  frequency  (VCF)  input  controls 
the  output  frequency  from  an  external  voltage  source.  The 
output  frequency  can  be  swept  above  or  below  the 
selected  frequency,  to  a  maximum  of  1000.1.  depending 
on  the  polarity  and  amplitude  of  the  VCF  input  and  the 
selected  output  frequency  Provision  is  also  made  for 
amplitude  modulating  the  smewave  output  from  an  exter¬ 
nal  source 


Table  1-1 

ELECTRICAL  CHARACTERISTICS 


The  variety  of  swept  and  modulated  signals  available 
from  the  FG  504  make  it  especially  useful  for  such 
applications  as  testing  arriplifier  or  servo-system  re¬ 
sponse.  distortion,  and  stability.  It  is  useful  for  Im 
generation,  as  a  beat  frequency  oscillator,  as  a  gated 
triggered  or  phase-locked  logic  interface,  or  as  a  source 
for  various  ramp  or  pulse  waveforms.  It  is  also  useful  as  a 
source  for  amplitude  modulated  signals  for  various  pur¬ 
poses. 

SPECIFICATION 

Performance  Conditions 

The  following  electrical  characteristics  are  valid  if  the 
FG  504  IS  calibrated  at  an  ambient  temperature  between 
-20®C  and  +30®C  and  is  operated  at  an  ambient 
temperature  between  0®C  and  ^50®  C.  unless  otherwise 
nosed.  Forced  air  circulation  is  required  at  temperatures 
above  f40®C.  Allow  a  one-hour  warm-up  penod  before 
performing  verification  tests. 


iU^ 
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Peri  oriMfw*  RaquiranMnl 

tuppiomtnial  InformaHon 

#  Frtqu«ncy  (cont) 

Resolution 

1  part  in  10*  of  full-scale 
setting  using  the  FREQUENCY  VERNIER 
control,  as  measured  with  a 
frequency  counter. 

#  Stability 

Time 

• 

'%0.0S%  for  10  minutes 
^0.1%  for  1  hour 
^;0.5%  for  24  hours 

Applies  to  calibrated  portion  of  the 
FREOUENCY  Hz  dial  only. 

The  instrument  must  be  at  a 
constant  ambient  temperature 
between  0*C  and  -50*  C  and 
checked  after  a  1-hour  warmup.  ' 

Temperature 

See  Dial  Accuracy 

Dial  Calibration 

A 

1  to  40  Hz  (X  MULTIPLIER 
setting)  calibrated;  0.1  to  1  Hz 
(X  MULTIPLIER  setting)  uncalibrated 

^  Dial  Accuracy 

FREQUENCY  Hz  (START) 
dial 

Within  3%  of  full  scale  from 

0.001  Hz  to  4  MHz.  Within  6%  of 
full  scale  from  4  MHz  to  40  MHz. 

Measurements  made  at  an  ambient 
temperature  between -rl 5®  CC  and  -36’ C 
after  1  hour  warmup. 

^  STOP  FREOuency  dial 

Within  5%  of  the  difference 
between  the  start  and  stop 
frequencies  plus  the  FREQUENCY 

Hz  (START;  dial  error 

STOP  FREOuency  dial  is 
uncalibrated  on  the  10* 

MULTIPLIER  range. 

Maximum  Frequency  Ranges  for 
Dial.  Sweep  Frequency,  and 
®  Voltage  Controlled 

Frequency  (VCF)  Modes 

Maximum  to 

MULTIPLIER  Minimum  Freq- 

Setting  ency  Ratios 

10"  ^600:1 

lO'-lO-'  0^OQO:^ 

10' .v1.  10'’.  10'’  ^100:1 

10'' 

- 

0  Internal  Sweep 

Accuracy 

Linear  or  Logarithmic. 

Limited  by  Start  and  Stop 

Frequency  Specifications;  use 
external  frequency  counter  if 
greater  accuracy  is  required 

^  Sweep  Duration 

Stop  Frequency  to 

Swept  Stop 

^  Frequency  Error 

100  s  to  0.1  ms  in  six  decades 
(selected  by  SWEEP  DURATION  switch). 
VARiable  control  overlaps  decades. 

Within  2S  from  100  s  to  1  ms 
sweep  duration. 

Within  10%  from  1  ms  to  0.1  ms 
sweep  duration. 

LINear  SWEEP 

OVto  -10  V. 

Output  impedance  1  kO. 

1-2 
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Internal  Sweep  (cont) 

OUTPUT  Amplitude 

Accuracy 

Within  5^  trom  100  s  to  1  ms. 
Within  10*»from  1  ms  to  0.1  ms. 

i 

SWEEP  TRIGger  INPUT 

Input  sensitivity 

1  V  p-p. 

Level 

1  V  through  10  V 

Maximum  Input 

^20  V. 

Manual  Trigger 

Front-panel  control. 

Voltage-controlled 

Frequency  Input  (VCF) 

Nominal  Sensitivity 
(Hz' volt) 

1 

=4  X  MULTIPLIER  setting  per  | 

volt  A  positive-going  voltage 
increases  frequency. 

. 

Maximum  Frequency 

=40  X  MULTIPLIER  setting 

Minimum  Frequency 

Maximum  frequency  divided  by  VCF 
range  (see  Maximum  Frequency  Ranges  1 

for  Dial.,  Sweep  Frequency,  and 

Voltage  Controlled  Frequency  (VCFi 

Modes) 

Slew  Rate 

0  3  Vps  maximum 

Input  Impedance 

10  KO.  4 

OUTPUT  Signal  Amplitude 

At  least  30  V  p-p  into  an  open 
circuit,  at  least  15  V  into  50  G. 

Flatness 

Sine-wave 

0.001  Hz  to  40  kHz 

40  kHz  to  40  MHz 

Within  -0.5  dB 

Within  -2  dB  from  40  KHz 
to  40  MHz. 

4 

Typically  within  rO  5  dB  to 

40  MHz.  Reference  at  10  kHz 

Triangle 

0  001  Hz  to  40  kHz 

40  kHz  to  40  MHz. 

Within  rO  5  dB 

Within  z2  dB 

4 

Reference  at  10  kHz 

Square-wave 

0.001  Hz  to  20  MHz 

20  MHz  to  40  MHz 

Within  -0.5  dB. 

Within  =2  dB. 

Reference  at  10  kHz.  ^ 

Sine-wave.  Triangle. 

and  Square-wave  Amplitude  Within  dB  at  10  kHz. 
Match 
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Nffermanct  KequkMMiit 

SuppiwnenlM  InformalioA 

External  TRIG/GATE> 

«  LOCK  Input  (cont)  j 

1 

1 

i 

Maximum  Trigger 
Frequency 

f 

i 

i  .  20  MHz. 

1 

1 

i 

j _ _ _ _ 

GATE 

Minimum  Period 

!  ^ 

!  ’  75  ns. 

Maximum  Gated 

Frequency 

i 

1  20  MHz. 

) 

:  For  gating  multiple-cycle  burst 
of  generator  waveform. 

<t)  LOCK 

100  Hz  to  40  MHz. 

Adjust  range  1 80*  from 

0  100  Hz  to  4  MHz. 

Capture  range:  z:  10  major  dial  divi¬ 
sions  from  100  Hz  to  4  MHz;  z  8 
major  dial  divisions  from  4  MHz  to 

40  MHz  (40  MHz  may  not  capture, 
but  will  track.) 

4  MHz  to  40  MHz 

!  -8  major  dial  divisions. 

Lock  Range 

Generator  will  lock  to  a  changing 

external  signal,  without  readiusting 
the  PHASE  control  within  .1 10 
major  dial  divisions  from  100  Hz 
to  i  MHz  and  within  1  MHz 
from  4  MHz  to  40  MHz. 


PHASE 


Phase  Adjustment  Range 

;80’  from  0.001  Hz  to  4  MHz 

MAN 

Manual  Trigger.'Gate  front-panel 

pushbutton 

TRIG  OUTPUT 

0  V  to  2  V  from  50  Q. 

HOLD 


Drift 

Range 


0  001  Hz  to  400  Hz 


tO^o  of  p-p  output  amplitude  hour 


4 
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Characttflslie 

Nfformene*  fte^utrement 

Supplementil  Informailen 

Output  Waveforms  (cont) 

Sine-Wave  | 

Total  Harmonic 

Distortion 

20  Hz  to  40  kHz 

40  kHz  to  1  MHz 

1  MHz  to  40  MHz 

OS'^o 

Greatest  harmonic  at  least 

30  dB  down. 

Greatest  harmonic  at  least 

20  dB  down. 

Typically  <;i%  from  0.001  Hz  to 

20  Hz.  measured  under  the  following 
conditions:  Temperature 'to® C  to 
'35® C  ambient  terminated 
^  into  50  Q;  zero  offset:  -^SO  dB 

1  attenuation,  and  with 
;  frequency  Hz  (START)  dial  set 
between  4  and  40. 

Square-wave 

RISE  AND  FALL  TIMES 
FIXED  ! 

s;6  ns  10  ns  to  100  ms  m  7  steps 
measured  from  10%  to  90® o 

Applies  to  pulse  waveforms  also 

Aberrations 

<  5*'o  p-p  plus  30  mV  into  50 12  load. 

VARiable 

10  ns  to  100  ms  in  7  steps. 

Measured  between  the  10%  and 

90®/o  points  of  Amplitude;  accuracy 
within  30®/o.  VARiable  control  has 
^lOX  range. 

Period  of  waveform  must  exceed 
combined  rise  and  fall  times 
by  20%. 

AM  INPUT 

Dc  to  4  MHz 

5  V  p-p  signal  produces  lOO'-o 
modulation  of  a  sme-wave  earner 
with  5%  distortion  at  70®5 
modulation 

//hen  driven  from  a  source 
mpedance  600  Ci. 

4  MHz  to  40  MHz 

lO^'o  distortion  at  65®o 
'  modulation 

J 

1 

1 

1 

Modulating  frequencies  from  20  Hz 
:o  20  kHz.  Modulation  frequency 
bandwidth  is  dc  to  100  kHz  A 
modulating  source  impedance  of 

10  kO  ensures  proper 
modulation  and  divides  the  out- 
mjt  amplitude  by  2. 

Input  Impedance 

1 

.1  MO. 

External  TRIG.  GATE 
<>  LOCK  Input 

Input  Impedance 

■  10  kO. 

! 

Sensitivity 

1  -ivp-p. 

Maximum  Input  Amplitude 

1  '20  V 

TRIG 

LEVEL 

Minimum  Period 

-1  vto  '10  V. 

For  triggering  a  single  cycle 
i  of  generator  waveform. 

i 

I  75  ns. 

} 
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ENVIRONMENTAL  CHARACTERttTICS 


Charactertatica 

OeacripUon 

Temperature 

Operating 

0®C  to  *40*C  (-"40®C  to  *50*C.  forced  air  required). 

Storage 

-40*C  to  ^75*0. 

Altitude 

Operating 

To  15.000  feet  (4.570  meters). 

Storage 

To  50.000  feet  (15.250  meters) 

Vibration 

Operating  and  non-operating 

0.64  mm  I0.025'')  displacement.  10-50-10  Hz  sinewave.  54  minutes 

Shock 

Operating  and  non-operatmg 

50  g's  (half  sine).  11  ms.  12  shocks. 

Transportation 

Qualified  under  National  Safe  Transit  Association  Test. 

Procedure  1A  Category  II. 

Table  1-3 

PHYSICAL  CHARACTERISTICS 


Characteristics 


Description 


Anodized  aluminum  panel  and  chassis. 

3.75  pounds  (1.7  kg). 

Width  5.312''  (13.49  cm).  Length  12.125"  (30.8  cm). 
Height  5.0"  (12.7  cm). 


Finish 

Weight 

Overall  Dimensions 


Tektronix  FG  504  AOMHz  Function  Generator 


The  following  is  an  excerpt  of  Tektronix  40MHz  Function  Genera¬ 
tor,  Model  FG  504,  Instruction  Manual,  May  1982. 
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SPECIFICATION 


Introduction 

The  FG  504  Function  Generator  provides  low  distortion 
sine,  square,  triangle,  ramp,  and  pulse  waveforms  over  the 
frequencies  from  0.001  Hz  to  40  MHz  in  ten  decades.  A 
user-definable  custom  frequency  range  is  also  available. 
The  output  amplitude  is  10  mV  to  30  V  peak-to-peak  into 
an  open  circuit  and  5  mV  to  1 5  V  peak-to-peak  into  a  50  0 
load  The  output  impedance  is  50  0.  The  FG  504  may  be 
swept  between  the  START  and  STOP  FREQ  dial  settings 
with  a  linear  or  logarithmic  sweep.  The  output  may  be 
phase  locked,  gated,  or  triggered  for  single  cycle  output 
The  output  waveform  may  be  shifted  rSO®  from  the 
triggering  waveform.  The  symmetry  of  the  output  wave¬ 
form  may  also  be  varied.  For  the  slower  frequencies,  the 
output  may  be  held  at  any  level  by  pushing  the  front  panel 
button  labeled  HOLD 


A  voltage-controlled  frequency  (VCF)  input  controls 
the  output  frequency  from  an  external  voltage  source.  The 
output  frequency  can  be  swept  above  or  below  the 
selected  frequency,  to  a  maximum  of  1000;1.  depending 
on  the  polarity  and  amplitude  of  the  VCF  input  and  the 
selected  output  frequency.  Provision  is  also  made  for 
amplitude  modulating  the  sinewave  output  from  an  exter¬ 
nal  source. 


The  variety  of  swept  and  modulated  signals  available 
from  the  FG  504  make  it  especially  useful  for  such 
applications  as  testing  amplifier  or  servo-system  re¬ 
sponse.  distortion,  and  stability.  It  is  useful  for  fm 
generation,  as  a  beat  frequency  oscillator,  as  a  gated 
triggered  or  phase-locked  logic  interface,  or  as  a  source 
for  various  ramp  or  pulse  waveforms.  It  is  also  useful  as  a 
source  for  amplitude  modulated  signals  for  various  pur¬ 
poses. 


SPECIFICATION 

Performance  Conditions 

The  following  electrical  characteristics  are  valid  if  the 
FG  504  IS  calibrated  at  an  ambient  temperature  between 
*20®C  and  ■*-30*C  and  is  operated  at  an  ambient 
temperature  between  0®C  and  -50°C.  unless  otherwise 
noted.  Forced  air  circulation  is  required  at  temperatures 
above  f40*C.  Allow  a  one-hour  warm-up  penod  before 
performing  verification  tests. 


Table  1-1 

ELECTRICAL  CHARACTERISTICS 


Characteristic 

Performance  Requirement 

Supplemental  Information 

Frequency 

Range 

Sine-wave,  square-wave, 
and  triangle 

.001  Hz  to  40  MHz  calibrated 
in  10  overlapping  steps 

Ramps,  pulses,  or  waveforms 
waveforms  requiring  use  of 
variable  SYMMETRY  control 

.001  Hz  to  nominally  4  MHz. 

Duty  Cycle 

^7%  to  ^3%  below  1  MHz 
^20%  to  $80%  above  1  MHz 

5  X  10'  position  of 
MULTIPLIER  switch  (User 
selected  timing  capacitor) 

=400  kHz  maximum.  A  5riF 
capacitor  provides  a  full-scale 
frequency  of  *400  Hz.  The 
factory-installed  capacitor  gives 
a  20  Hz  to  20  kHz  range  for  the 
.5  X  10*  position  of 
the  MULTIPLIER  switch. 

T«M«  1*1  (COM) 
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Frtquoncy  (cont) 

Resolution 

1  part  in  10*  of  full-scale 
setting  using  the  FREQUENCY  VERNIER 
control,  as  measured  with  a 
frequency  counter. 

Stability 

Time 

'%0.0SSi  for  10  minutes 
^0.1%  for  1  hour 
•^50.5%  for  24  hours 

Applies  to  calibrated  portion  of  the 
FREQUENCY  Hz  dial  only. 

The  instrument  must  be  at  a 
constant  ambient  temperature 
between  0*C  and  -^50*0  and 
checked  after  a  l-hour  warmup. 

Temperature 

See  Dial  Accuracy 

Dial  Calibration 

1  to  40  Hz  (X  MULTIPLIER 
setting)  calibrated;  0.1  to  1  Hz 
(X  MULTIPLIER  setting)  uncalibrated 

Dial  Accuracy 

FREQUENCY  Hz  (START) 
dial 

Within  3%  of  full  scale  from 

0.001  Hz  to  4  MHz.  Within  6%  of 
full  scale  from  4  MHz  to  40  MHz. 

Measurements  made  at  an  ambient 
temperature  between  tI 5® CC and  -35*C 
after  1  hour  warmup. 

STOP  FREOuency  dial 

Within  5%  of  the  difference 
between  the  start  and  stop 
frequencies  plus  the  FREQUENCY 

Hz  (START)  dial  error 

STOP  FREQuency  dial  is 
uncalibrated  on  the  10* 

MULTIPLIER  range. 

Maximum  Frequency  Ranges  for 
Dial.  Sweep  Frequency,  and 

Voltage  Controlled 

Frequency  (VCF)  Modes 

.  Maximum  to 

MULTIPLIER  Minimum  Freq- 

Setting  ency  Ratios 

10*  ^500-1 

lO'-ltf  ^1000:1 

10*  .v1.  10‘.  10‘-  5100:1 

10''  540:1 

Internal  Sweep 

Accuracy 

Linear  or  Logarithmic. 

Limited  by  Start  and  Stop 

Frequency  Specifications:  use 
external  frequency  counter  if 
greater  accuracy  is  required. 

Sweep  Duration 

Stop  Frequency  to 

Swept  Stop 

Frequency  Error 

100  s  to  0.1  ms  in  six  decades 
(selected  by  SWEEP  DURATION  switch) 
VARiable  control  overlaps  decades. 

Within  2%  from  100  s  to  1  ms 
sweep  duration. 

Within  10%  from  1  ms  to  0.1  ms 
sweep  duration. 

LINear  SWEEP 

OVto  '10  V. 

Output  impedance  1  kO. 

CharadtrltHc 


Internal  Sweep  (cont) 
OUTPUT  Amplitude 
Accuracy 


SWEEP  TRiGger  INPUT 
Input  sensitivity 


Maximum  input 


Manual  Trigger 


Voltage-controlled 
Frequency  Input  (VCF) 

Nominal  Sensitivity 
(Hz  volt) 


Maximum  Frequency 


Minimum  Frequency 


Slew  Rate 


Input  Impedance 


OUTPUT  Signal  Amplitude 


Flatness 

Sine- wave 

0.001  Hz  to  40  kHz 
40  kHz  to  40  MHz 


Triangle 

0  001  Hz  to  40  kHz 
40  kHz  to  40  MHz. 


Square-wave 

0.001  Hz  to  20  MHz 
20  MHz  to  40  MHz 


TaM*  1*1  (CPM) 


Nftormance  Requiremanl 


m  (tN  M40dM  «  m 


StMMlemenlil  InformHlen 


Within  5%  from  100  s  to  1  ms. 
Within  10®'»  from  1  ms  to  0.1  ms. 


1  V  p-p. 


1  V  through  10  V. 


At  least  30  V  p-p  into  an  open 
circuit,  at  least  15  V  into  50  G. 


Within  zO.5  dB 

Within  z2  d8  from  40  kHz 

to  40  MHz. 


Within  rO  5  dB 
Within  -2  dB. 


Within  rO  5  dB. 
Within  z2  dB. 


Sine-wave.  Triangle. 

and  Square-wave  Amplitude  Within  -1  dB  at  10  kHz. 
Match 


Front-panel  control 


=4  X  MULTIPLIER  setting  per 
volt  A  positive-going  voltage 
increases  frequency. 


=40  X  multiplier  setting 


Maximum  frequency  divided  by  VCF 
range  (see  Maximum  Frequency  Ranges 
for  Dial.  Sweep  Frequency,  and 
Voltage  Controlled  Frequency  (VCF) 
Modes) 


0  3  V  ViS  maximum 


Typically  within  -0  5  dB  to 
40  MHz.  Reference  at  10  kHz. 


Reference  at  10  kHz. 


Reference  at  10  kHz. 


T«Mt  M  (««nt) 


CKaractartalic 


Nrionnanct  KtquirMntnl 


Suppl«m«nlai  Information 


Output  ATTENUATOR 


1 

r 

! 

Maximum  Open-  ' 

Attenuator 

circuit  Output 

1  Step 

Voltage  (p-p) 

I  OdB 

30V 

-10  dB 

95  V 

-20  dB 

3V  i 

1  30  dB 

950  mV  i 

i  -  40  dB 

300  mV  1 

;  50  dB 

95  mV 

Accuracy 


VAfliable  Control 


Within  :.0  5  dB/decade 


Provides  up  to  -20  dB 
additional  attenuation  to  reduce 
the  minimum  output  signal  amplitude  ; 
to  10  mV 


OFFSET  Range 


Into  Open  Circuit 
Into  50  0 


;.75  V 
;.3.75  V 


i  Maximum  signal  plus  offset 
;  peak  output  amplitude  of 
i  r20  V  into  an  open  circuit  and 
1=11.25  V  into  50  n.  Offset 
jdefeatable  by  front-panel  control. 


Output  Waveforms 


Without  Use  of  SYMMETRY 
(variable)  control 


Sine  Triangle,  and  Square 


With  SYMMETRY  (variable) 
Control 


Ramps  and  Pulses  Duty  cycle  range 
IS  -7®o  to  --93%  for  all  variable 
symmetry  waveforms  below  1  MHz 
limited  to  ^20%  to  -=80“o  for 
triangle  and  sine-waveforms  above 
1  MHz. 

Actuation  of  SYMMETRY  control 
divides  output  frequency  by 
.approximately  10. 


Triangle 


Symmetry 


Typically  within  2®'o  from 
0.001  Hz  to  10  Hz. 


10  Hz  to  400  kHz 
400  kHz  to  40  MHz 


Within  1%. 
Within  5% 


lOn  calibrated  portion  of 


i  FREQUENCY  Hz  dial. 


Linearity 


10  Hz  to  400  kHz 
400  kHz  to  4  MHz 
4  MHz  to  40  MHz 


r 


t 


t 
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External  TRIG.  GATE 
O  LOCK  Input  (cont)  ; 

i 

I 

< 

Maximum  Trigger  , 


Frequency  j 

20  MHz.  j 

GATE 

i 

Minimum  Period 

i 

1 

:  75  ns. 

Maximum  Gated 

Frequency 

20  MHz 

i  For  gating  multiple-cycle  burst 
of  generator  waveform. 

<t>  LOCK 

100  HZ  to  40  MHz. 

Adjust  range  r  80*  from 

1  0  100  Hz  to  4  MHz. 

Capture  range:  z  10  major  dial  divi- 
stons  from  100  Hz  to  4  MHz:  r  8 
major  dial  divisions  from  4  MHz  to 

40  MHz  (40  MHz  may  not  capture, 
but  will  track.) 

4  MHz  to  40  MHz 

!  -8  major  dial  divisions 

Lock  Range 

Generator  will  lock  to  a  changing 

external  signal,  without  readjusting 
the  PHASE  control  within  1 10 
major  dial  divisions  Irom  lOO  Hz 
to  4  MHz  and  within  1  MHz 
Irom  4  MHz  to  40  MHz 


PHASE 


Phase  Adjustment  Range 

;80'  from  0  001  Hz  to  4  MHz 

MAN 

Manual  Trigger.’Gate  front-panel 

pushbutton 

TRIG  OUTPUT 

0  V  to  2  V  from  50  D. 

HOLD 


Drift 

Range 


0  001  Hz  to  400  Hz 


10*0  of  p-p  output  amplitude,  hour 
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Output  Waveforms  (cont)  j 

Sme-Wave  1 

Total  Harmonic  { 

Distortion 

20  Hz  to  40  KHz  j 

40  kHz  to  :  MHz  1 

1  MHz  to  40  MHz  I 

1 

0  5%. 

Greatest  harmonic  at  least 

30  dB  down. 

Greatest  harmonic  at  least 

20  dB  down. 

Typically  •;i%  from  0.001  Hz  to 

20  Hz.  measured  under  the  following 
conditions:  Temperature  -10®C  to 
-35®  C  ambient  terminated 
into  50  Q;  zero  offset;  «30  dB 
attenuation,  and  with 

1  FREQUENCY  Hz  (START)  dial  set 
between  4  and  40. 

Square-wave 

RISE  AND  fall  TIMES 
FIXED 

s;6  ns  10  ns  to  100  ms  m  7  steps 
measured  from  10%  to  90® o 

Applies  to  pulse  waveforms  also 

Aberrations 

<  5®'o  p-p  plus  30  mV  into  50  !2  load. 

VARiable 

. 

10  ns  to  100  ms  irt  7  steps. 

Measured  between  the  10®/o  and 

90®/o  points  of  Amplitude;  accuracy 
within  30®/o.  VARiable  control  has 
3»10X  range. 

.  . 

Period  of  waveform  must  exceed 
combined  rise  and  fall  times 

by  20®'o. 

AM  INPUT 

Dc  to  4  MHz 

5  V  p-p  signal  produces  lOO'-o 
modulation  of  a  sine-wave  earner 

with  5“'o  distortion  at  70“5 

modulation. 

/^nen  driven  from  a  source 
mpedance  600  D 

4  MHz  to  40  MHz 

tlT'o  distortion  at  65“o 

modulation. 

! 

i 

1 

Modulating  frequencies  from  20  Hz 
'.0  20  kHz  Modulation  frequency 
bandwidth  is  dc  to  100  kHz  A 
modulating  source  impedance  of 

10  kO  ensures  proper 
modulation  and  divides  the  out¬ 
put  amplitude  by  2. 

Input  Impedance 

1  MO. 

External  TRIG- GATE  , 

4*  LOCK  Input 

Input  Impedance 

T 

\ 

10  kO. 

Sensitivity 

i  IV  p-p. 

Maximum  Input  Amplitude 

1 

-20  V 

TRIG 

LEVEL 

Minimum  Period 

i 

j  -1  Vto  -10  V. 

1 

For  triggering  a  single  cycle 
i  of  generator  waveform. 

75  ns. 

» 

f 


f 


€ 


i 


0 


0 


0 


Minimum  Period 


I 
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Characttritties 

Oeeotplion 

Temperature 

Operating 

O'C  to  *40*0  {♦40*0  to  -SO'C.  forced  air  required). 

Storage 

-40*0  to  tTS'C. 

Altitude 

Operating 

To  15.000  feet  (4.570  meters). 

Storage 

To  50.000  feet  (15.250  meters) 

Vibration 

Operating  and  non-operating 

0  64  mm  (0.025")  displacement.  10-50-10  Hz  sinewave.  54  minutes 

Shock 

Operating  and  non-operating 

50  g  s  (half  sine),  11  ms.  12  shocks 

Transportation 

Qualified  under  National  Safe  Transit  Association  Test. 

Procedure  1A  Category  II. 

Table  1-3 

PHYSICAL  CHARACTERISTICS 

Characteristics 

Description 

Finish 

Anodized  aluminum  panel  and  chassis 

Weight 

3.75  pounds  (1  7  kg). 

Overall  Dimensions 

Width  5.312"  (13.49  cm)..  Length  12.125"  (30.8  cm), 

i 

Height  5.0"  (12.7  cm). 

Tektronix  FG  504  4QMHz  Function  Generator 


The  following  is  an  excerpt  of  Tektronix  40MHz  Function  Genera¬ 
tor,  Model  FG  504,  Instruction  Manual,  May  1982. 
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INSTRUCTION  MANUAL 


Serial  Number . 


•mNoa  1~FQ  S04  (tH  IPIOWfl  A  U>) 


SPECIFICATION 


Introduction 

The  FG  S04  Function  Generator  provides  low  distortion 
sine,  square,  triangle,  ramp,  and  pulse  waveforms  over  the 
frequencies  from  0.001  Hz  to  40  MHz  in  ten  decades.  A 
user-definable  custom  frequency  range  is  also  available. 
The  output  amplitude  is  10  mV  to  30  V  peak-to-peak  into 
an  open  circuit  and  5  mV  to  1 S  V  peak-to-peak  into  a  50  0 
load.  The  output  impedance  is  SO  0.  The  FG  504  may  be 
swept  between  the  START  and  STOP  FREQ  dial  settings 
with  a  linear  or  logarithmic  sweep.  The  output  may  be 
phase  locked,  gated,  or  triggered  for  single  cycle  output. 
The  output  waveform  may  be  shifted  i80°  from  the 
triggering  waveform.  The  symmetry  of  the  output  wave¬ 
form  may  also  be  varied.  For  the  slower  frequencies,  the 
output  may  be  held  at  any  level  by  pushing  the  front  panel 
button  labeled  HOLD. 


A  voltage-controlled  frequency  (VCF)  input  controls 
the  output  frequency  from  an  external  voltage  source.  The 
output  frequency  can  be  swept  above  or  below  the 
selected  frequency,  to  a  maximum  of  1000,1,  depending 
on  the  polarity  and  amplitude  of  the  VCF  input  and  the 
"elected  output  frequency.  Provision  is  also  made  for 
amplitude  modulating  the  sinewave  output  from  an  exter¬ 
nal  source. 


The  variety  of  swept  and  modulated  signals  available 
from  the  FG  504  make  it  especially  useful  for  such 
applications  as  testing  amplifier  or  servo-system  re¬ 
sponse.  distortion,  and  stability.  It  is  useful  for  fm 
generation,  as  a  beat  frequency  oscillator,  as  a  gated 
triggered  or  phase-locked  logic  interface,  or  as  a  source 
for  various  ramp  or  pulse  waveforms.  It  is  also  useful  as  a 
source  for  amplitude  modulated  signals  for  various  pur¬ 
poses. 


SPECIFICATION 

Performance  Conditions 

The  following  electrical  characteristics  are  val.d  if  the 
FG  504  IS  calibrated  at  an  ambient  temperature  between 
+-20®C  and  ■i-30“C  and  is  operated  a!  an  ambient 
temperature  between  0°C  and  -r50°C,  unless  otherwise 
noted.  Forced  air  circulation  is  required  at  temperatures 
above  f40®C.  Allow  a  one-hour  warm-up  penod  before 
performing  verification  tests. 


Table  1-1 

ELECTRICAL  CHARACTERISTICS 


Characteristic 

Performance  Requirement 

Supplemental  Iniormalion 

Frequency 

Range 

Sine-wave,  square-wave, 
and  triangle 

.001  Hz  to  40  MHz  calibrated 
in  10  overlapping  steps 

Ramps,  pulses,  or  waveforms 
waveforms  requiring  use  of 
variable  SYMMETRY  control 

.001  Hz  to  nominally  4  MHz 

Duty  Cycle 

$7%  to  ^3%  below  1  MHz 
<20%  to  ^80%  above  1  MHz 

.5  X  10'  position  of 

MULTIPLIER  switch  (User 
selected  timing  capacitor) 

=4(X)  kHz  maximum.  A  5  ^F 
capacitor  provides  a  full-scale 
frequency  of  «400  Hz.  The 
factory-installed  capacitor  gives 
a  20  Hz  to  20  kHz  range  for  the 
.5  X  10*  position  of 
the  MULTIPLIER  switch. 

tp«HlcgBoil  PQ  804  (IN  1040000  «  UO) 
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Frequency  (cont) 

Resolution 

1  part  in  10*  of  full-scale 
setting  using  the  FREQUENCY  VERNIER 
control,  as  measured  with  a 
frequency  counter. 

Stability 

Time 

^0  05%  for  10  minutes 
$0.  ■:%  for  1  hour 
■i;0.5%  for  24  hours 

Applies  to  calibrated  portion  of  the 
FREQUENCY  Hz  dial  only. 

The  instrument  must  be  at  a 
constant  ambient  temperature 
between  O'C  and  ^50* C  and 
checked  after  a  1-hour  warmup. 

Temperature 

See  Dial  Accuracy 

Dial  Calibration 

1  to  40  Hz  (X  MULTIPLIER 
setting)  calibrated;  0.1  to  1  Hz 
(X  MULTIPLIER  setting)  uncalibrated. 

Dial  Accuracy 

FREQUENCY  Hz  (START) 
dial 

Within  3%  of  full  scale  from 

0.001  Hz  to  4  MHz.  Within  6%  of 
full  scale  from  4  MHz  to  40  MHz. 

Measurements  made  at  an  ambient 
temperature  between -rl 5®  CC  and  t35»c 
after  1  hour  warmup. 

STOP  FREQuency  dial 

Within  5%  of  the  difference 
between  the  start  and  stop 
frequencies  plus  the  FREQUENCY 

Hz  (START)  dial  error. 

STOP  FREQuency  dial  is 
uncalibrated  on  the  10* 

MULTIPLIER  range. 

Maximum  Frequency  Ranges  for 
Dial.  Sweep  Frequency,  and 

Voltage  Controlled 

Frequency  (VCF)  Modes 

Maximum  to 

MULTIPLIER  Minimum  Freq- 

Setting  ency  Ratios 

10"  2I500-1 

lO'-IO-'  ^1000:1 

10'.  1.  10".  10'-  ^1X:1 

10"  ^40:1 

Internal  Sweep 

Accuracy 

Linear  or  Logarithmic. 

Limited  by  Start  and  Stop 

Frequency  Specifications;  use 
external  frequency  counter  if 
greater  accuracy  is  required. 

Sweep  Duration 

Stop  Frequency  to 

Swept  Stop 

Frequency  Error 

100  s  to  0.1  ms  in  six  decades 
(selected  by  SWEEP  DURATION  switch). 
VARiable  control  overlaps  decades. 

Within  2%  from  100  s  to  1  ms 
sweep  duration. 

Within  10%  from  1  ms  to  0.1  ms 
sweep  duration. 

LINear  SWEEP 

OVto  -10  V. 

Output  impedance  1  kQ. 

@ 
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Performance  Requirement 

Supplemental  Information 

Internal  Sweep  (cont) 

OUTPUT  Amplitude 

Accuracy 

• 

Within  5%  from  100  s  to  1  ms. 
Within  10%  from  1  ms  to  0.1  ms. 

SWEEP  TRIGger  INPUT 

Input  sensitivity 

1  V  o-p. 

Level 

1  V  through  10  V. 

#  Maximum  Input 

»20  V. 

Manual  Trigger 

Front-panel  control. 

Voltage-controlled 

Frequency  Input  (VCF) 

^  Nominal  Sensitivity 

(Hz/volt) 

^4  X  MULTIPLIER  setting  per 
volt  A  positive-going  voltage 
increases  frequency. 

Maximum  Frequency 

=40  X  MULTIPLIER  setting. 

Minimum  Frequency 

• 

Maximum  frequency  divided  by  VCF 
range  (see  Maximum  Frequency  Ranges 
for  Dial.  Sweep  Frequency,  and 

Voltage  Controlled  Frequency  (VCF) 
Modes) 

Slew  Rate 

0.3  V'fjs  maximum. 

^  Input  Impedance 

10  kQ. 

OUTPUT  Signal  Amplitude 

At  least  30  V  p-p  into  an  open 
circuit,  at  least  15  V  into  50  0. 

Flatness 

^  Sine-wave 

0.001  Hz  to  40  KHz 

40  kHz  to  40  MHz 

Within  -0.5  dB. 

Within  z2  dS  from  40  kHz 
to  40  MHz. 

Typically  within  =0.5  dB  to 

40  MHz.  Reference  at  10  kHz. 

Triangle 

•  0.001  Hz  to  40  kHz 

40  kHz  to  40  MHz. 

Within  =0  5  dB. 

Within  =2  dB. 

Reference  at  10  kHz. 

Square-wave 

0.001  Hz  to  20  MHz 

20  MHz  to  40  MHz 

Within  =0.5  dB. 

Within  =2  dB. 

Reference  at  10  kHz. 

^  Sine-wave.  Triangle. 

and  Square-wave  Amplitude 
Match 

Within  =1  dB  at  10  kHz. 

•McT^cMon-ro  S04  (SN  1040000  « 


TaM«  1*1  (eont) 


CharacttritMc 


Output  ATTENUATOR 


Ptrformanc*  RMiuiramanl 


Supplamtnlal  Informallon 


Accuracy 


VARiabie  Control 


Maximum  Open- 

Attenuator 

circuit  Output 

Step 

Voltage  (p-p) 

OdB 

30  V 

-10  dB 

9.5  V 

-20  dB 

3  V 

30  dB 

950  mV 

-40  dB 

300  mV 

50  dB 

95  mV 

Within  .lO.S  dB/decade. 

Provides  up  to 

-20  dB 

additional  attenuation  to  reduce 
the  minimum  output  signal  amplitude 
to  to  mV. 


.  - U 

OFFSET  Range  1 

Into  Open  Circuit  j 

Into  50  0  1 

I 

1 

.^7.5  V 
■3.75  V 

1 

. 

Maximum  signal  plus  offset 
peak  output  amplitude  of 
r20  V  into  an  open  circuit  and 
=  11  25  V  into  50  Q.  Offset 
defeatable  by  front-panel  control. 

Output  Waveforms  i 

1 

Without  Use  of  SYMMETRY 
fvariable)  control 

Sine.  Triangle,  and  Square 

With  SYMMETRY  (variable) 
Control 

! 

j 

1 

Ramps  and  Pulses.  Duty  cycle  range 
'is  .'7'>o  to  i--93%  for  all  variable 
.symmetry  waveforms  below  l  MHz. 
'limited  to  ^20%  to  '=80"'i>  for 
triangle  and  sine-waveforms  above 
i  1  MHz. 

Actuation  of  SYMMETRY  control 
j  divides  output  frequency  by 
j  approximately  10. 

Triangle 

Symmetry 

Typically  within  2%  from 
i  0.001  Hz  to  10  Hz. 

r 

10  Hz  to  400  kHz 

400  kHz  to  40  MHz 

Within  l^'o 

Within  5“'9. 

i 

On  calibrated  portion  of 

FREQUENCY  Hz  dial. 

Linearity 

Measured  from  the  20%  point  to  the 
80^0  point  of  the  waveform.  Typically 
within  2%  from  0.001  Hz  to  10  Hz. 

10  Hz  to  400  kHz 

400  kHz  to  4  MHz 

4  MHz  to  40  MHz 

Within  1%. 

Within  2%. 

Within  10%. 

$pKlllci«0<i-fQ  M4  (tN  tCHOMO  A  UP) 
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Output  Waveforms  (cont)  i 

i 

1 

Sme-Wave  1 

I  I 

< 


Total  Harmonic  1 

Distortion 

20  Hz  to  40  kHz 

40  kHz  to  1  MHz 

1  MHz  to  40  MHz 

0  5%. 

Greatest  harmonic  at  least 

30  dB  down. 

Greatest  harmonic  at  least 

20  dB  down. 

Typically  ^1%  from  0.001  Hz  to 

20  Hz.  measured  under  the  following 
conditions:  Temperature  -10®C  to 
-35’ C  ambient  terminated 
into  50  0;  zero  offset:  530  dB 
attenuation,  and  with 

FREQUENCY  Hz  (START)  dial  set 
between  4  and  40. 

Square-wave 

RISE  AND  FALL  TIMES 
FIXED 

^6  ns  10  ns  to  100  ms  in  7  steps 
measured  from  10%  to  90% 

Applies  to  pulse  waveforms  also. 

Aberrations 

<5%  p-p  plus  30  mV  into  50  it  load 

VARiable 

10  ns  to  100  ms  in  7  steps. 

Measured  between  the  10%  and 

90%  points  of  Amplitude;  accuracy 
within  30%.  VARiable  control  has 

s>10X  range. 

. 

Period  of  waveform  must  exceed 
combined  rise  and  fall  times 
by  20“'o. 

AM  INPUT 

Dc  to  4  MHz 

5  V  p-p  signal  produces  lOO'-o 
modulation  of  a  sine-wave  carrier 
with  5%  distortion  at  70°o 

modulation. 

When  driven  from  a  source 
impedance  600  D. 

4  MHz  to  40  MHz 

10%  distortion  at  65®o 
j  modulation 

i 

1 

1 

1 

i 

1 

Modulating  frequencies  from  20  Hz 
to  20  kHz.  Modulation  frequency 
bandwidth  is  dc  to  100  KHz.  A 
modulating  source  impedance  of 

10  kQ  ensures  proper 
modulation  and  divides  the  out¬ 
put  amplitude  by  2. 

Input  Impedance 

J _ 

1  MQ. 

External  TRIG/ GATE  j 

<t>  LOCK  Input  I 

_ i _ I _ 

Input  Impedance 

I  '10  kO. 

Sensitivity 

1 

i  .-.1  V  p-p. 

Maximum  Input  Amplitude 

j  -20  V 

TRIG 

' 

LEVEL 

-1  Vto  HOV. 

;  For  triggering  a  single  cycle 

1  of  generator  waveform. 

Minimum  Period 

j  75  ns. 
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Characttriatic 

Parfomianc*  Raquirtmtnl 

Supplemental  Information 

External  TRIG/GATE/ 

<>  LOCK  Input  (cont) 

Maximum  Trigger 
Frequency 

.  20  MHz. 

GATE 

Minimum  Period 

75  ns. 

Maximum  Gated 

Frequency 

20  MHz. 

For  gating  multiple-cycle  burst 
of  generator  waveform. 

<t>  LOCK 

i  100  Hz  to  40  MHz. 

1  Adjust  range  iSO*  from 

i  0  100  Hz  to  4  MHz. 

j 

i  ..... 

■ 

Capture  range:  1 10  major  dial  divi¬ 
sions  from  100  Hz  to  4  MHz;  z:  8 
major  dial  divisions  from  4  MHz  to 
■  40  MHz  (40  MHz  may  not  capture, 
but  will  track.) 

4  MHz  to  40  MHz 

1  .18  major  dial  divisions. 

Lock  Range 

Generator  will  lock  to  a  changing 

external  signal,  without  readjusting 
the  PHASE  control,  within  ilO 
major  dial  divisions  from  100  Hz 
to  4  MHz  and  within  i1  MHz 
from  4  MHz  to  40  MHz 


PHASE 


Phase  Adjustment  Range 

i80°  from  0.001  Hz  to  4  MHz 

MAN 

Manual  Trigger.'Gate  front- panel 

pushbutton. 

TRIG  OUTPUT 

0  V  to  •  2  V  from  50  D. 

HOLD 


Drift 


I0°o  of  P'P  output  amplitude,  hour 
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ENVIRONMENTAL  CHARACTERISTICS 


T 


CharacItriallcs 

Description 

Temperature 

Operating 

0®C  to  *-40‘’C  (-^40°C  to  ■^50® C:  forced  air  required). 

Storage 

-40®Cto  r75®C. 

Altitude 

Operating 

To  15,000  feet  (4,570  meters). 

Storage 

To  50.000  feet  (15.250  meters). 

Vibration 

Operating  and  non-operating 

0.64  mm  (0.025")  displacemer't.  10-50-10  Hz  sinewave,  54  minutes. 

Shock 

Operating  and  non-operatmg 

50  g's  (half  sine).  11  ms.  12  shocks. 

Transportation 

Qualified  under  National  Safe  Transit  Association  Test. 

Procedure  1A  Category  11. 

Table  1-3 

PHYSICAL  CHARACTERISTICS 


Characteristics 

Description 

Finish 

Anodized  aluminum  panel  and  chassis. 

Weight 

3.75  pounds  (1.7  kg) 

Overall  Dimensions 

1 

Width  5.312"  (13.49  cm).  Length  12.125"  (30.8  cm). 

Height  5.0"  (12.7  cm). 

